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LDC 7 INTRODUCTION

This 7th Edition of the Loudspeaker Design Cookbook,
first published in 1977, marks its 28th anniversary.
Each new edition has brought to light some dif
ferent aspect of state-of-the-art loudspeaker tech-
nology. Several of the editions contained material
that was directly the result of new software that al-
lowed the computer sinulation of ideas that would
be difficult to communicate in any other way. The
4th Edition depended heavily on the release of

LinearX’s LEAP 4.0 software, and the 6th Edition -

featured important transducer simulations using
Red Rock Acoustics’ Speal) program. This 7th edi-
tion was made possible to a large extent by the use
of the LEAP 5.0 and Dr. Wolfgang Klippel's Klippel
distortion analyzer.

It's been five years since the previous edition was
published. As has been the case with all the pre-
vious editions, the latest edition has added sub-
stantial new material. In terms of references and
graphs, the 6th Edition added 83 new references
and 214 new graphs. Following this tradition, the
7th edition includes some 42 new references and
341 new graphs, plus 318 graphs on the CD-ROM
that is being made available. The CD-ROM has the
129 additional graphs from the Chapter 6 diffrac-
tion study (not available in the printed version),
plus all the graphs published in print in Chapter 6
that will make the LEAP 5.0 polar plots much easier
to read when enlarged on a computer screen and
displayed in color.

While the LDC has been mostly a précis of avail-
able technology, a certain amount of the informa-
tion has always been produced exclusively for the
book, but never more so than in this 7th Edition.
The explication on diffraction in Chapters % and
6 answers a number of questions concerning the
significance of enclosure shape and where to locate
drivers on a baffle, However, all this information was
presented as computer simulations of single point
microphone measurements, and while this gives
you an excellent reference for the measurement
consequences, it still Jeaves the nagging question
of just how important diffraction and reflection is-
sues are to the subjective sound quality of a speaker.
Since I couldn’t find any published information on
this, I set up a subjective evaluation study in Chap-
ter 6 for the various types of diffraction and reflec-
tion phenomena encountered in speaker design.
While the resulis were not really unexpected, they
were nevertheless very interesting and informative.

The second original piece of work being offered
is a rather comprehensive study of woofer linear-
ity. Working with Pat Turnmire, CEO of Red Rock
Acoustics, we had eleven 107 woofers manufac-
tured for the project, starting with a very nonlinear
design, then changing one aspect of the design for
each driver sample until the final woofer had most
of the bells and whistles of any high performance
transducer. The entire group of drivers was char-
acterized using the Klippel DA-2 distortion ana-
lyzer to reveal the consequences of each iterative
change, and the study also investigated the thermal
characterjstics pole vent sizes.

The last new subject, voicing, is a frequently used
term among loudspeaker manufacturers. This new
section for Chapter 7 gives the reader a solid pro-
tocol for making final subjective adjustments to any
new design.

As always, producing a new editton of the Loud-
speaker Design Cookbook is a very rewarding and ex-
citing experience for me, so I sincerely hope you
enjoy reading and applying the infoermation in this
new edition as much as I have had writing and re-
searching it.

Vance Dickason
August 2005
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CHAPTER 0

HOW
LOUDSPEAKERS
WORK

0.10 ELECTRODYNAMIC SPEAKERS.

This Seventh Edition of the Loudspeaker Design Cook-
book, like its predecessors, aims to describe the oper-
ation, application, and measurement of electrody-
namic loudspeakers and thetr associated enclosures
and crossover networks. Electrodynamic drivers,
the woofers, midranges, and tweeters found in the
vast majority of loudspeakers are all based on the
same basic concept: a diaphragm set in motion by
the mechanical movement of a modulated electro-
magnetic field. As Mark Gander of JBL put it, “To
make sound, you must move air.”!

This mechanism is analogous Lo the electric
motor, the rotating armature of a inotor being re-
placed by the moving coll systemn of a speaker. Figure
0.1 illustrates a cutaway view of a typical dynamic
moving coil loudspeaker. As current is applied to
the voice coll, an electromagnetic feld is produced
atright angles to the flow of currentand to the per-
manent magnetic feld. The resulting mechanical
force causes the cone or dome diaphragm to move
in a motion perpendicular to the gap field and con-
sequently activate the air on either side of the dia-
phragm.

Three separate but interrelated systems operate
in unison in a functional electrodynamic driver:

1. The Moter System: composed of the magnet,
pole piece, frontplate/gap, and voice coil.

2. The Diaphragm: usually a cone andl dust cap or
a one-piece domne.

3. The Suspension System: made up of the spider
and surround.

0.20 THE MOTOR SYSTEM.
The motor assembly is composed of five basic parts.
These include the frontplate and pole piece, which
together form the gap, the magnet, the voice coil,
and the backplate. The backplate, frontplate, and
pole piece are made from a highly permeable ma-
terial, such as iron, which provides a path for the
magnetic field of the magnet. The magnet is usually
made of cerarnic/ferrite material and shaped like a
ring. The magnetic circuit is completed at the gap,
causing an intense magnetic field te exist i the air
space between the pole piece and the frontplate.
Ifan AC currentis applied to the voice coil in the
form of a sine wave at some given frequency, such
as 60Hz, the flow of current in one direction on the
positive half of the cycle will produce voice coil mo-
tion in one direction. When the current flow revers-
es on the negative half of the cycle, the polarity of
the coil field reverses, and the motion of the voice
coil changes divection as a consequence of the al-
ternately attracting and repelling of the two fields.

Mr. Pablapa
FHAME\ \
FRONT SURRQUND
PLATE
MAGNET
BACK
" cone
—
/ " POLE DUST CAP

VENT

SPIDER

FIGURE 0.1:
Woofer diagram.

In order to accurately reproduce the motion in-
duced by the sine wave, the voice coil has to move
equally in both directions through the gap. For this
to happen, it is important for the magnetic field (o
be as symmeitrical as possible, so that motion in one
direction will be applied with the same equal force
as motion in the other direction. If this were not so,
distortion of the signal would result.

If the flow of magnetic flux was confined only in
the narrow space across the air gap, field syinmetry
would be assured and not be of concern. However,
the magnetic lines of force “overflow” the gap area
and produce stray fields on either side of the gap,
known as fringe fields. Several methods are com-
monty used to ensure the symmetry of the fringe
field, and are illustrated in Fig. 0.2. The straight
pole piece in Fig. 0.2a illustrates an uneven fringe
field caused by the nonsymmetrical gap structure.
Although adequate for many applications, this
would be the least desirable method of construc-
tion. figure 0.2b shows a symmetrical fringe field be-
ing created as the result of an undercut pole piece.
Figure 0. 2c depicts the effect of an angled pole piece
on the fringe field,? which, like the undercut type,
results in a more syminetrical fringe field.

The mechanical force developed by the current
flowing through the voice coil is represented by the
tevm “BL” B %1 is the force produced by a given
number of turns (feet} of wire, 1, being subjected to
a given flux density per square centiineter, B.* Bl is
a measurement of metor strength and is expressed
in Tesla Meters/Newton. Directions on how o

measure Bl are described in Chapter 8, Loudspeaker

Testing.
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FIGURE 0.2: Fringe lield
effacts for different
pole geomelries.

0.21 GAP GEOMETRIES AND B,

Two different basic gap/coil geometries are used
in loudspeakers, the underhung voice coil and the
overhung voice coil. Of the two formats, illustrated
in Fig. 0.3, the overhung coil is by far the most com-
mon. The distance labeled X, in the diagram rep-
resents the distance over which the coil can travel in
one direction and maintain a constant number of
turns in the gap. X, .. can be calculated by taking
the voice coil length, subtracting the air gap height,

Xmax Xmax

OVERHUNG UNDERHUNG
VOICE COIL VOICE COIL
4 FIGURE 0.3: Overhung and underhung coil geomelries.

and dividing by 2.

Figuwre 0.4 shows the graphic comparison of Bl
change with increasing excursion between the two
gap geometries (this diagram represents movement
of the voice coil in one direction through the gap).
As increasing voltage is applied to the speaker, the
coil moves further and further out of the gap, the
number of trns of wire in the gap decreases, and
the total Bl motor strength decreases. A speaker is
said to be operating in a linear fashion if the num-
ber of turns in the gap is constant, and in a non-
linear fashion if the number of twuns in the gap is
decreasing and chauging.

15 OVERHUNG
VOIGE GOIL

Bl 10

UHDERHUNQ
VOICE COIL

VOICE COIL TRAVEL- MM

FIGURE 0.4: Comparison of Bl response for different coil
geomelries.

The underhung coil gives extreme linearity over
ashort distance, but generally has lower Bl than the
overhung coil {due to the increased gap height and
requirement for a greater magnetic field) and be-
cause of the short coil, a lower voice coll mass. The
overhung arrangement has the advantage of reason-
ably good linearity and better efficiency (even with
greater coil inass), which accounts for its popularity
among manufacturers,

Different combinaticns of gap heigbt and voice
coil length will give the same me number, but
behave quite differently in terms of nonlinear (be-
yond me) behavior. For example, a 12mm voice
coil length and an 8mm gap have the same X,
2mm, as an 8mm voice coil length and a 4mm gap
height. Although the X, of these geometries is
identical, the ratio of gap height o X, ., is quite
different, 4:1 in the case of the 12mm voice colil,
and only 2:1 in the case of the 8mm voice coil. This
ratio governs the rate at which B} decreases as the
conl rides out of the gap.

The curves in Fig. 0.5 illustrate the variation in
nonlinear behavior for geometries with the same
X, ax Put with diflerent ratios of gap height to X, .,
as in the above example (from conversations with
Chris Strahm, President of LinearX Systems and
author of the Loudspeaker Enclosure Analysis Pro-
gram, a/k/a LEAP). Looking at the diagram, Bl
starts to gradually decrease beyond X, to a point
which is about two times X, (double X} and
then dramatically decreases. When the ratio of air
gap beight to X, is large, the rate of Bl decrease
is slower than when the ratio is low. At the further
most limits ol excursion, at the point where the coil
is riding a large distance out of the gap, increased
excursion does not change Bl significantly, and the
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FIGURE 0.5: Comparison of Bl response with idenlical X, ..
and different goilfgap dimensions.

curve becomes mnore shallow and levels out as it ap-
proaches zero.

Although Bl tends to decrease slowly up to about
wice the X, distance, measurable distortion be-
gins much sooner. In terms of distortion, the peak
displacement limit of a moving coil can generally
be taken as the X, travel distance plus about 15%.
Maximum excursion can be determined with a dis-
tortion analyzer setup to measure third-harmonic
distortion as Increasing voltage is applied to the
voice coil. As excursion increases and the limits ‘of
X, ax are exceeded, the third-harmonic distortion
product increases. The X, + 15% point wil) tend
1o coincide with an increase in third-harmonic dis-
tortion to a level of about $%.!

0.22 SHORTED TURNS AND
FARADAY LOOPS,

The current induced motion of the voice coil also
causes an additional current flow, in the opposite
direction of the drive current, which 1s known as
back EMF (electromotive force). This EME current
is induced in the voice coil as it acts like the arma-
ture of a generator. This effect, along with the AC
field generated by the program drive current in the
voice coil, causes modulation of the magnetic gap
field. This phenomenon, identified by W. J. Cun-
ningham in 1949,* results in significant second-or-
der harmonic distortion. Further investigation ol
this effect has shown that the modulation of the
field is different depending on which direction the
coil is traveling through the field. It is a nonsym-
metrical effect?

This nonsymmetrical phenomenon occurs in
part because the pole piece, acting like a trans-
former core, is coincident with the coil throughout
its rearward travel, and only partially coincident on
the forward travel of the coil as it excurs beyond
the limits of X, .. It has also been suggested that
the voice coil flux interacts with and modifies the
shape of the fringe field. This observation, at least
in part, explains the benefit gained from push/pull
configurations discussed in Chapters 1and 2,

The most obvious solution is to use a sufficiently
high level of permeability in the iron next to the
voice coil so the metal is always saturated, which re-
sults in negligible modulation of the magnetic cir-
cuit. This techinique is not oflen used because high
permeability metals are relatively expensive. The
most common technigue devised to counteract this

field modulation/eddy current problem is known
as a shorted turn, or Faraday loop. Shown in Fig
0.6, the application of the shorted turn has several
variations, bul all accomplish the same task by gen-
erating a field equal and oppasite to fields induced
by the voice coil. Figure (. 6a takes the form of a con-
ductive coating, such as copper, over the pole tips;
Fig.0.6b shows a copper cap over the pole piece; Fig.
0.6¢ has a copper cylinder surrounding the pole
piece;? and Fig. 0.6d iltustrates the positioning of a
shorted ring {flux stabilizer ring), sometimes made
of aluminum, around the base of the pole piece.

The shielded pole piece method has the added
benefit of causing a decrease in effective voice coil
inductance, which results in a rise in high frequen-
cy response. The location and amount of shield-
ing can be juggled to control midband and upper
range driver vesponse. The shorted ring at the base
of the pole piece acts 1o reduce second-harmonic
distortion, like the shielded pole methods, but
does not affect the voice coil inductance and upper
range response nearly as much. Although decreas-
ing distortion ts one of the benefits of the shorted
turn method, controlling the mid and upper range
frequency response behavior is more often the con-
stderation.

Figure 0. 7illustrates the upper frequency response
changes from using a T-pole and copper-shorting
ring. The comparison is of the same driver, a Bravox
5.5" poly cone wooler, with and without the T-pole/
shorting ring combination®. Note that the response
of the T-pole/shorting ring version begins rising

s{ele
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FIGURE 0.6:
Comparison of
different shorted turn
conligurations.



LOUDSPEAKER
DESIGN above 500Hz and has as much as 3—4dB greater SPL. of aluminum or Duraluminum (Duraluminum has
COOKBOOK than the version without the pole enhancements a higher strength to avoid such voice coil problems
due to the reduction in losses from induced eddy as neck deformation during long excursions). Siuce
currents. Fgure 0.8 depicts the same comparison at  aluminum is an electrically conductive malerial, it
30° off-axis, showing the effect to be not only across  develops eddy currents in the same fashion as the
the bandwidth above 500Hz, but through the en- parts of the motor system (plates and pole). These
tire radiation angle of the driver, as would be ex-  parasitic “currents” cause losses that are reflected in
pected from an effect that lowered the voice coil  terms of heat and distortion,
inductance. Aluminum formers are not a continuous cylinder,
but bave a small slit along the length of the former
0.23 VOICE COILS—FORMER MATERIALS such that it does not act as a shorting element {in-
AND WINDING CONFIGURATIONS. cidentally, removing the slit and using a continuous
Voice coils can be wound on a variety of materials, aluminum loop does not have the same effecL as a
each having an effect not only on the T/S param-  sborting ring, although it does lower Q. . by about
eter set for a given driver. but alsc on the upper 10%}. A non-shorting conductive former perfor-
frequency response. There are two basic types of mance differs in two important aspects when com-
former materials used for loudspeakers, conductive  pared to non-conductive former materials such as
and non-conductive. Conductive formers are by far  fiberglass or Kapion™ (a proprietary high tempera-
the most common and are made from thin sheets ture plastic material introduced by Dupont). The
48 spl Hauni tude > Sound Pegzsure Lovel € Phaze ) 9548 £V
FIGURE 0.7: On-axis ] _
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comparison of two
5.5” woofers, one with
an aluminym voice
coil former and one
with a Kapton voice
coil farmer (solid =
wooler wilh aluminum
voice cail former; dash
= woofer wilh Kapton
waice coil former).

FIGURE 0.10: Same
as Fig. 0.9, bul 30°
off-axis.

FIGURE 0.11: On-axis
comparison af two
5.5" woolers, one with
a two-layer voice coil,
and one with a four-
layer voice cail (sofid
= 2L voice coil; dot =
4L voice coil).

FIGURE 0.12: Same
as Fig. 0.11, bul 30°
off-axis.
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primary difference is that Q,, {mechanical “Q")
numbers using conductive formers are generally
lower in the 2-4 range compared to non-conduc-
tive types. For non-conductive formers, higher Q, .
numbers between 4 and 12 are typical (the eddy
current losses cause the QMS to be lower in conduc-
tive formers). Since non-conductive formers do not
exhibit the induced eddy current problem, they
also exhibit somewhat lower distortion.

The other performance difference between con-
ductive and non-conductive former materials oc-
curs in the upper frequency response. Figure 0.9
depicts the comparison of two nearly identical Bra-
vox 5.5 "% woofers with identical cones, suspensions
and motor structures, except that one driver has a
Duraluminum voice coil former and the other has
a Kapton former. As can be seen, the woofer with
the Kapton former has 1-2dB greater output above
1.5kHz. Figure (.10 shows the same comparison but
at 30° off-axis showing the effect 1o be somewhat
more prominent. Again, this is due mostly to the
difference in eddy current losses of the two materi-
als. It should also be noted that part of this effect
is due to mass differences (i.e., Kapton is a lighter
material than Duraluiinum).

The other notable response variation caused by
voice coils 1s the manner in which they are wound.
Obviously, larger voice coils with longer winding
lengths have more turns of wire and hence great-
er inductance that will rolloff a driver’s upper fre-
quency response in the same fashion as a series
inductor in a crossover. While there are different
votce coil inductances for every possible combina-
ton of wirns of wire and diameters of the former
and pole piece, the biggest genervalized difference
in driver inductance is dependent on the rumber
of layers of wire wound on to the former. The most
common layer formats in woofers are two-layer and
four-layer. Four-layer formers are frequently used
on subwoofers to achieve the required Bl for the
target response.

However, this can also be fooked at in terms of
upper frequency response control. Figure 0,11 shows
two nearly identical drivers, both Bravox 5.5 woof-
ers®, with the same motor, cone, and suspension,
but one woofer with a tvo-ayer voice coil, and the
other using a fourlayer coil (see Fig. 0.12 for the
same comparison at 30° off-axis). As can be seen,
the wooler with the fourlayer coil has a much lower
frequency low-pass rolloff {-3dB at 2.5kHz) than
the two-layer version {-3dB at 4.5kHz). Some man-
ufacturers have developed two-way ioudspeakers
by taking advantage of this effect and controlling
the inductance of a fourlayer voice coil Lo produce
a natural low-pass roltofl that will work with a par-
ticular tweeter. By doing this, the woofer does not
require a separate low-pass crossover filter section
and can be operated “wide open” with a crossover
comprised of just the tweeter high-pass filter. T did
a series of two-way prototypes for MB Quart several
years ago using a 5.5” Bravox woofer and a 13mm
MB Titanium tweeter. One prototype used a woofer
with fourdayer coil and a 3kH: mechanical rollofl
and the other astandard owo-layer coil with a higher
rolioff. Both crossovers were computer optimized,

but the four-layer woofer prototype had no low-pass
fiter on the woofer and a third-order high-pass to-
pography on the tweeter while the two-layer woofer
prototype had a second-order low-pass on the woof-
er and a third-order high-pass filter on the tweeter.
In a subjective comparison between these two pro-
totypes, once the levels were adjusted, both models
sounded quite good and were very comparable in
overall sound quality with the advantage that the
four-layer model was cheaper to manufacture and
had fewer parts in the crossover. The other differ-
ence was that the four-layer model was lower in
overatl efficiency by 2-3dB due to the extia weight
in the four-layer coil, and therein lies the tradeofl.

0.30 THE DIAPHRAGM.
Explaining the physics of speaker cones generally
begins with the theoretical discussion of the radia-
tion of an infinitely rigid piston pushing against the
air. The transference of motien from the piston to
the air would be bounded, in terins of frequency,
at the low end of the spectrum by its resonance fre-
quency (below which its ability to transfer energy is
limited by mechanical constraints), and the upper
frequency limit by the nature of the radiation im-
pedance of the air. Air has resistance to motion, ra-
diation impedance, which decreases with frequency
to a point where any additional increase
in frequency will be met with the same
amount of resistance.

This upper frequency poiat below
which energy transfer will exhibit a
steady decrease is a functen of both
the natwre of the radiation impedance
of air and the radius of the radiating
surface. Smaller radiating surfaces can
reproduce  higher frequencies than
larger radiating surfaces, a fact of na-
ture which accounts for the advent of
specialized speakers which cover differ-
ent frequency ranges.

Real-world cones are notinfinitely rig-
il and will flex to some degree depend-
ing upen the characteristics of the ma-
terial from which they are construcied.
Cone flexing has a critical effect upon
the high frequency efficiency, SPL ve-
sponse, and polar response of a driver.
While different materials have different
degrees of stiffness and transmit vibra-
tion at different speeds internally, they
all tend to produce the same types of
flexing, usually referred 1 as “modes.”

(.31 CONE RESONANCE MODES.

Two mode classifications, radial and
concentric, are used in analyzing speak-
er cone wibration, depicted in Fig. 0.3
{afrer Beranek with changes). Radial modes extend
from the cone center o the edge, occurring mostly
at low frequencies and censidered secondary in na-
ture. Concentric modes form a collection of waves
or ripples that spread outward from the center of
the cone. These concentric modes, made visible
using holographic techniques, look similar to what
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RADIAL CONE MODES

CONCENTRIC CONE MODES

COMBINATION OF RADIAL
AND CONCENTRIC MODES

FIGURE 0.13:
Cene vibration
modes.
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you see when a pebble is dropped into the center of
a bowl of water.

The number of waves varies with frequency, and
as frequency changes, some of the ripples are re-
flected back to the center, forming interference pat-
terns. These waves and ripples push against the air
in a complex fashion, and some are in phase with
the voice coil signal, while some are out of phase.
The “+" and " areas in Fig. 0.6 represent areas of
the cone with opposite phase. This complex rela-
tionship of addition and cancellation, referred 1o as
cone breakup, creates the many peaks and valleys in
the typical loudspeaker SPL curve.

As frequency increases, the effective radiating
area of the cone decreases so that very high fre-
quencies tend to radiate only from the center area
of the cone. At some frequency the effective radi-
aung mass of the cone becomes small and a steep
decrease in output begins which is described as the
high frequency rolloff. To achieve a high cutoff fre-
quency, the ratio of the voice coil mass and the cone
mass must be as small as possible.” Upper frequency
rolloff is also conwrolled by voice coil inductance.

0.32 CONE DIRECTIVITY.

As frequency increases all speakers become more
directive and the high frequencies begin to “beamn”
like the light from an automobile headlight. At
frequencies where the wavelength of sound (wave-
length being equal to the speed of sound divided by
the frequency = ¢/[, i.e., lkHz has a wavelength of
1.13 feer) is large compared to the circumference
of the cone (about 3 times the diatneter), the ra-
diation is spherical. As the frequency increases to
the point where wavelength is equal to the circum-
ference of the driver or smaller, the radiation pat-
tern becomes progressively narrower. The chart in
Fig. 0.14 gives the -6dB off-axis points for different
diameter speaker diaphragms (after Daniels with
changes, [BL Pro Soundwaves, Fall 1988).
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0.33 CONE SHAPE.

Different sbaped cones have different response
characteristics. There are two basic shapes used in
cone design: conical or Aat, and convex. Conical
shaped cones tend to bave a high peak at the ex-

treme high end of the response range, the location
of the peak being in part determined by the angle
of the cone. Compared to the convex shape the
bandwidth is somewhat wider. Convex cones tend
to have a smoother frequency response and only
a moderate peak in the upper response (less high
frequency efficiency), but with a somewhat reduced
bandwidth compared to flat cones.®

The frequency response of the convex cones
can be altered and controlled by changing cone
curvature,

0.34 DUST CAPS.

Gap widths in loudspeakers can vary from several
teniths of an inch for large diameter speakers to the
thickness of a piece of heavy gauge paper for small
cone tweeters. The width is as narrow as practical to
maximize flux density while allowing for variations
in voice coil alignment and swelling due to heating.
When the voice coil js attached to the cone, the area
between the pole piece and the voice coil is usu-
ally shimmed to accurately align the assembly. This
procedure leaves the gap between the coil and pote
piece exposed to foreign particles. This being so,
it would be possible for small particles to become
lodged benween the two areas and create obvious
problems. The traditional solution is to affix a seal,
known as a dust cap, over this area.

Putting a dust cap over the junction of the cone
and voice coil solves one problem and draws atten-
tion to several others. Two basic types of dust caps
are used with speaker cones; solid and porous. A
solid dust cap does not allow air to pass through
its surface, and creates a small acoustic chamber
that will generate air pressure changes as the cone
moves back and forth over the pole piece. This
compression and rarefaction can have detrimental
effects on speaker operation.

Since the area between the voice coil and pole
piece is too small to effectively relieve this pressure
caused by the motion of the dust cap, manufactur-
ers use two practical solutions to the problem. One
is to vent the pole piece, which requires a small hole
to be drilled through the pole piece so that air can
pass out an opening in the backplate. The other is
to punch vent holes into the voice coil former where
it attaches to the cone. This will allow air to flow out
of the small chambered avea and relieve the pres-
sure between the polc piece and the dust cap.

Porous dust caps also readily relieve the air pres-
sure created above the pole piece, but create other
problems. First they provide a leakage path from
the inside of the enclosure. This is not terribly sig-
nificant since the volume of air leakage through
the gap is small, especially compared to that of a
lossy surround. The other problem area happens as
the cone moves inward on the pele piece, and air
is forced through the dust cap oward the cone’s
radiating surface. This sudden squirt of air will be
out of phase with cone radiation and can cause a
frequency response problem ? It is probably not a
good idea to seal porous dust caps that cause offen-
sive response anomalies, since the original design
may have specified the porous dust cap for cooling
purpoeses. The aiv flow through the gap area can
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provide significant cooling for the heat generated
by the voice coil. Sealing the dust cap can also cause
compliance and Q changes which inay or may not
be desirable.

Dust caps also modify a driver’s upper range fre-
quency response. Since the cone tends (o radiate
near the center at high frequencies, the dust cap
can play a critical part in shaping the upper end
response of a driver depending on its inaterial com-
position and shape. Solid caps tend to cause greater
changes in frequency response than porous ones.
Occasionally you see solid caps which have small
round vents with screens to relieve air pressure,
giving them the benefits (or detriments) of both
methods.

Figure 0.15 depicts the frequency response com-
parison for the exact same Bravox 5.25” woofer
{(same motor, suspensicn, cone, voice coil, and so
on) but with five different types of dust caps: porous
cloth; doped cloth; soft PYC (Poly Vinyl Chloride);
hard polypropylene; and an inverted hard poly type
dust cap (all other dust caps in this stucly were stan-
dard convex types). Since this graph is somewhat
difficult to read with this much information, Figs.
0.16-0.19give a more meaningful comparison, with
each of the graphs comparing the standard cloth
porous dust ¢ap to the four other types of dust
caps.

Figure 0.16 compares the porous cloth dust cap
with a doped cloth dust cap (the same cloth cap
with a soft damping material painted onte the sur-
face). Not quite intuitive, the doped cloth actually
increased the output in the upper frequencies with
somewhat more attenuation above 4kHz with an
overall smoother response. The overall response

of the undoped dust cap is also [airly smooth and
even and has the added advantage of providing in-
creased voice coil cooling by providing a passage for
air moving past the voice coil.

Figure 0.17 compares the cloth dust cap to a soft
PVC dust cap, which is a favorite among many
manufacturers. As can be seen, the response of the
PVC dust cap is smooth and even with no signifi-
cant response anomalies, but a little less extension
above 4kHz, probably due to mass and density of
the material. Not only do manufacturers frequently
choose this type of dust cap for its benign response
characteristics, but also for ils cosmetic appear-
ance which gives a more coherent "look” in this era
where so much emphasis is placed on industrial de-
sign esthetics.

Figure 0.18 compares the cloth cap to a hard poly
dust cap. The hard plastic material in this case has
a prominent resonance that is producing over 6dB
more output centered on 5kHz, not a real conve-
nient locaticn for such an anomaly if you were try-
ing to cross this woofer over at 3kHz 10 a vveeter.
This is not necessarily typical of all hard poty dust
caps as the nature of this anomaly is dependent on
the diameter, shape, and density of the dust cap,
but this is somewhat typical of what [ have seen over
the years and generally speaking, I never order a
woofer sample deliberately with a hard plastic dust
cap for use in a two-way application. For subwoofers
orwoofers intended to cross over o a smaller diam-
eter driver at frequencies at least one or two octaves
below the dust cap induced response anomaly, it re-
ally is not relevant and in these applications hard
plastic dust caps are fine.

Figure 0.19 gives the last comparison between a
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FIGURE 9.15: On-axis
cormparison of five idenlical
5.25" woofers, each with

a dilferent style dust cap
{solid = cloth dust cap; dot
= doped cloth dust cap;
dash = soft PVC dust cap;
dash/dot = hard poly dust
cap; wide dash = inverted
hard poly dusl cap).

FIGURE ¢.16: On-axis
comparison of lwo 5.25”
woolers, one with a cloth
dust cap, and one with a
doped cloth dust cap {solid
= cloth dust cap; dol =
doped cloth dust cap).

FIGURE 0.17: On-axis
comparison of two 5.25”
vwoolers, one with a cloth
dusl cap, and one with a
s0ft PVC dust cap {solid =
cloth dust cap; dol = soll
PYC dust cap).

FIGURE 0.18; On-axis
comparison of two 5.25”
woolers, one with a cloth
dust cap, and one wilh a
hard convex poly dusi cap
{solid = clolh dusicap; dot
= hard poly dus! cap).
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FIGURE 0.19: On-
axis comparison of
wo 5.25" woolers,
one wilfs a cloth dust
cap, and one with
an inverted concave
hard poly dust cap
(solid = cleth dust
cap; dot = inverted
hard poly dust cap).

FIGURE 0.20;
On-axis comparison
of three 5.25" woof-

ers, one with a

rubber surround, one
with a feam surround,

and one wilh a

Santoprene surround
(solid = rubber sur-
round; dot = foam
surround; dash = San-
loprene surreund).

FIGURE 0.21:

Same as Fig. 0.20,
but 30° off-axis.

10

cloth dust cap and a hard plastic inverted cust cap.
The inverted hard plastic dust cap has a number of
advantages and has gained in popularity over the
years. As can be seen in the response comparison,
the inverted cap has a similar and smooth response
as does the cloth dust cap. The other attribute that
an inverted cap has 1s that, if they are made rea-
sonably small so that they fit into the area near the
neck joint of the cone (the junction of the voice coil
former and cone), the cap can help strengthen the
joint area and decrease the tendency of the cone
neck to cleform on hard excursions.

0.35 DOME SHAPES.

Dome tweeters and midranges have problems char-
acteristic of those in cones. The two basic shapes
are convex and concave. Concave dome radiators
usually have much greater efficiency in the high
frequency range, but a narrower directivity pattern.
The higher efficiency is due in part to a wide peak
caused by cavity resonances (although this can be
damped to some extent) and the fact that convex
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domes are usually made of hard materials. Convex
domes have a wider directivity pattern in the upper
frequency range, and lack the efficiency of concave
domes in that range,

0.40 THE SUSPENSION SYSTEM.

The suspension system in any speaker is comprised
of two elements, the surround and the spider. The
surround, usually made of rubber, foam, or treated
linen, performs several tasks. The surround helps
keep the cone centered and provides a pertion of
the restoring force that keeps the coil in the gap.
The surround also provides a damped termination
for the cone edge. The spider, usually made of cor-
rugated linen, likewise keeps the voice coil centered
on the pole piece and also provides the restoring
force that keeps the coil in the gap.

(.41 THE SURROUND.
The stiffness provided by the swrround and spider
is usually presented in tenms of ease of motion,
or compliance {compliance is the reciprocal of
stiffness). In terms of the total compliance of the
speaker, the spider provides about 80% and the sur-
round perhaps 20% of the total compliance. The
surround has two important functions. Its primary
job is to keep the voice coil centered over the pole
piece; however, damping the vibration modes at the
outer edge of the cone¢ is also critically iinportant.
The choice of thickness and type of material used
in a surround can dramatically alter the response
of the speaker. The ability of the surround to damp
cone modes and prevent reflections back down the
cone can alter both the amplitude and phase of
modes combinations, making itan integral element
of cone design and a viable response shaping tool.
Figwre (.20 illustrates the response comparison of
different surrounds materials attached to the three
samples of the same 5.25" Bravox woofer® (same
cone, spider, voice coll, motor, and so on). The
three different materials used were rubber (in this
case, not pure butyl, but a commonly used rubber
compound for surrounds called NBR), foam, and
injected Santoprene (this is a sophisticated pro-
cess that Bravox uses to over-mold the Santoprene
surrounds by injecting them onto the cone edge}.
Rubber gives the smoothest respense with the least
anomalies and overall one of the best edge damnping
materials to use for a surround whe. ¢ smooth up-
per frequency response is a consideration, The only
downside to using rubber as a surround material is
that it has to be made using a vulcanizing process
that s slow and more costly than the heat forming
process used with foam-type surrounds. The foam
surround response is not quite as smooth by com-
parison and at around 10kHz 1t has obvious prob-
lems damping the cone’s upper frequency modes,
which is of course not too relevant to a woofer that
18 being crossed over between 2-3kHz. Foan sw-
rounds are relatively easy to fabricate and inexpen-
sive, buu suffer from degradation over time due to
exposure to light and various air impurities found in
large metropolitan areas (hey, even in small towns
sometimes). Overall, they do not perform as well as
rubber when it comes to edge damping, but foam is



still one of the most frequently employed materials
for surrounds. Less common, but becoming more

revalent, is Santoprene. Santoprene looks like rub-
ber, and can be either heat formed (which is done a
lot for subwoofer surrounds) like foam surrounds,
or injection molded. This material is as inexpensive
as foam, but does generally not have really good
edge damping characteristics at upper frequencies,
as can be seen in the graph. Figure 0.21 shows the
same comparison of all three surround materials,
but at 30° offaxis. From this it is obvious that a lot
of the response problems are relatively on-axis and
that many of the response anomalies are less pro-
nounced viewed off-axis.

0.42 THE SPIDER.

The spider has several functions. Its secondary
tasks are to keep the voice coil centered over the
pole piece and provide a barrier that keeps for-
eign particles away from the gap area. The primary
purpose, however, is to provide the main restoring
force (compliance) for the speaker. [tis the stiffness
of the spider which determines the speakers’ reso-
nance. Speaker resonance is a function of compli-
ance and mass and can be related by:

f;= [628(Cs x [\{D)Z'.']-l

Where f; = the duiver free air resonance frequen-
¢y, G, = the driver compliance, and M, = the tota)
mass of the driver (the weight of the enture cone as-
sembly, voice coil, cone, spider and surrcund, plus
free-air mass load).

0.43 LINEAR AND PROGRESSIVE
SUSPENSION SYSTEMS.

[t seems intuitively evident that the best type of
suspension would be one which would provide uni-
form restoring force throughout its vange of travel.
While this can be true for closed box type speakers
where the compliance of the air within the box acts
as a restoring force on the cone, the exact cpposite
is true of drivers in vented cabinets. This anomaly,
dubbed the “oil-can effect” by Don Keele," results
in dynamic offsel of the voice coil. The offset prob-
lemn, a nonlinear phenomenon, occurs as the driver
is being driven towards its X, . limitation. As the
coil moves to a position where more turns are oul
of the gap, Bl decreases, back EMF decreases, and
the coil draws more current, pushing the ceil even
farther out of the gap and thus creating distortion.

A progressive suspension system can cournteract
this nonlinear offset problem. This type of spider
and surround combination provides increasing stifl-
ness al the same time the Bl is decreasing (Ffig 0.5).
[t the breakpoint for the increase in stiffness coin-
cides closely with the hreakpeint {or Bl decrease,
then the voice coil is prevented from accelerating
out of the gap. Suspension systems of this sort are
found frequently in professional sound wooters in-
tended for high SPL applications. Unfortunately,
many amateur audio designers seem Lo be unaware
of this fact, since itis not uncommon 1w find a wool-
er with an extremely linear suspension system being
used in a vented application.

0.50 MODELING LOUDSPEAKER
IMPEDANCE.

All of the systems I have described can be math-
ematically modeled by an electrical circuit dia-
gram which js analogous to their operation. This
technique is at the heart of all the box calculation
methods described in Chapters 1-4. The electrical
analogy of a driver is represented by a circuit with
an impedance which duplicates that of the actual
driver. The details of the actual measured inped-
ance ofa typical loudspeaker are shown in Fig. 0.22.
Figure 0.23 gives the analogous electrical model of a
speaker. The circuit’s elements are as follows:

R, =DC resistance of the speaker

Ri,. = frequency dependent resistive component
of the voice coil reactive rise {real part of voice coil
inductance)

L, = frequency dependent inductive reactance
companentof the voice coil reactive rise (imaginary
part of voice coil inductance)

M, =mechanical parameters due to mass
G, = mechanical parameters due to compliance

R,, = mechanical paramneters associated with
damping

Z, =rear vadiation impedance of the driver

Z, = front radiation impedance of the driver

This model is similar to the one described by Be-
ranek," with the exception that the voice coil re-
actance was taken to be a fixed value as opposed
o being frequency dependent' as shown in this
diagram.
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0.60 POWER, EFFICIENCY, AND
ROOM SIZE.

The loudness produced by a given amount of am-
plifier power is a direct function of the efficiency
of the loudspeaker and the volume of air it is trying
to excite. Deciding how much loudspeaker capabil-
ity you need to achieve a target volume level in a
given room is an impottant question you should
consider prior to building your own speakers. Since
most loudspeakers are rather inefficient devices,
usually on the order of 0.5 to 2%, coming up with
the apprapriate amount of acoustic power may not
be calculated simply. If we consider a typical infinite
baffle driver with efficiency of 0.5% (calculation
of loudspeaker efficiency is discussed in Chaplers 1
and 2), and an amplifier capable of delivering 50W
RMS, then the acoustic power available from this
system would be 0.25 acoustic watts (0.005 x 50W
=0.25W).

The graph in Fig. 0.24 can be used to esiablish
the approximate program material SPL produced
for a specified amount of acoustic output in a given
room volume. If we take our 0.25 acoustic watts and
putitinto a typical 20" x 22" x 8 livingroom, which
is approximately 100 cubic meters of space, it would
achieve an SPL of about 97dB. To produce an addi-
tional 3dB for 100dB SPL, we would have to double
the amplifier power to 100W.
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Depending on the RMS rating of the speaker;, and
providing the rating is in some way adequately re-
lated to the thermal capabilities of the driver (many
are not}y, our single 0.5% efficiency speaker may
not be sufficient. Rather than double the amplifier
power, another solution would be 10 use an addi-
tional driver. The addition of a parallel connected
second driver cdoubles the cone area and increases
acoustic power by a factor of four. The one acoustic

watt of the combined drivers could produce nearly
103dB in the same room driven by the original 50W
of cutput power. To reach the same SPL level with a
single driver would require 200W.

0.70 ADVANCED TRANSDUCER DESIGN
TOPICS.

Most all of the discussion about designing speaker
enclosures in the LDC (see Chapters 1-4) and else-
where in the loudspeaker industry literature is from
the perspective of predicting box performance
from a specific set of driver parameters. This, how-
ever, is the perspective only of a system designer.
The other perspective not frequently considered in
print is that of the transducer engineer, whose job
15 1o come up with the combination of parts, cones,
voice coils, magnets, top and bottom plates, dust
caps, surrounds, and spiders to produce a woofer
that will perform in a specific enclosure type.

For the most part, transducer engineers are a rare
breed. and good ones are hard o find. There is no
specific curriculum at the university level that teach-
es this skill, so becoming a professional in this field
is either self-taught or passed from one practitioner
to another, usually within the corporate confines of
either the larger speaker companies or OEM driver
manufacturers.

System design was at one time considered a “black
art” until the advent of the professional CAD soft-
ware packages (such as the LinearX LEAP software,
which I rely upon for most of the simuiations in this
book) for doing this type of work. Until recently, .
transducer engineering still fell into the “black art”
category, because the only way to develop a new
woofer was a lot of cut-and-try and years ol expert-
ence. This process has been radically changed by
the introduction of new transducer modeling soft-
ware released about the time 1 was putting together
the 6th edition of the LDC. A design sequence that
once would require a lot of experience, often at
least three to four sample iterations, and perhaps
months of R&D ume to produce now can be done
much faster in a computer simulation.

The first of these new CAD programs was au-
thored by Red Rock Acoustics and s titled SpeaD
{Speaker Designer) (see Chapier 9 for details about
SpeaDand another example of this type of software,
WinMotor). SpeaD consists of a set of software tools
that makes transducer design much faster and eas
ier. Essendally, it lets you play “what if” with your
designs and build a woofer in your computer.

The Speal} wols include two sepaiate programs:

* Reverse Speall—software that can synthesize
the required T/S parameters required to achieve a
set of performance targets such as f,, box size, en-
closure type, and taning.

e Speal—generates speaker parts specifications
that will produce a driver whose performance
matches the desired 1arget T/S parameters.

The exciting part of this type of ransducer simu-
lation software is that you can make changes in sec-
onds and easily explore possibilities that were once
simply too time consuming or difficult. With the
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availability of software that can predict parts speci-
fications for building woofers, ransducer engineet-
ing will become less of a cut-and-try game and more
of a computer game, but that is the era in which
we live.

Armed with Speal and its counterpart, Reverse
Speal, I present the following short tutorial that
will show how the various motor and cone assembly
parts in a woofer change as the box design require-
ments change. The enclosure designs that I con-
sider all use a 12" woofer, with the first computer-
designed woofer optimized for a moderate 2.0ft*
sealed box,

The next design shows the motor and cone part
changes required to optimize the same woofer to
work into a 2.0ft® vented box. This is followed by
the motor/cone changes for the woofer to function
in a 2.0ft* sealed rear-chamber bandpass enclosure.
The last simulation shows the motor and cone part
requirements for the same 12" woofer to work in a
compact 0.75ft® sealed box.

All the data and graphs {and some of the text)
used for this tutorial were provided by Red Rock
Acoustics and specifically by Red Rock’s CEO, Pat
Turnmire, who happens to be one of those “hard to
find” transducer engineers. :

0.71 WOOFER DESIGN FOR SEALED
ENCLOSURES.

This first example generates the woofer parts speci-
fications for a sealed box. Specifications for this
project begin with the box performance criteria.
For the purposes of this tutorial, imagine that you
are the speaker engineer in a small car audico com-
pany and the marketing department asks you to de-
velop a new sealed box 12 subwoofer.

The criteria you are given are pretty limited. Mar-
keting department research reveals that a 12" car
audio subwoofer producing an f; of 40Hz in a 2.0f1’
box, handling 200W RMS, incorporating a rubber
surround and polypropylene cone, and with a box
QTC of 0.9 would do well in the marketplace. In
other words, a moderate-sized sealed box 127 car
sub with a fairly warm sound to the bottorn end and
enough excursion to become loud and tow (given
the lift in a car compartment, 40Hz is low cutoff fre-
quency, but see Chapter 17 for details on that). Table
(.1 summarizes all of this information, including
assumptions about X, . for a 12” subwoofer that
would need to come from experience or observa-
tion and some help estimating Q, . using one of

the SpeaD ulilities.

The design procedure begins with generating the
T/S parameter set that will produce the results re-
quired by the marketing department's product def-
inition. Speal)’s reverse box synthesis section, Re-
verse Speal), is designed to do just that. Looking at
the data in Tadle 0.1, the only target parameter that
Reverse Speal needed that wasn't immediately ob-
vious was the M, which represents the total mov-
ing mass (less air load—with air load this is called
M,,) of the speaker.

M, for any given driver is a combination of four
items: the cone weight; half of the surround edge
weight; voice-coil weight (formerand wire); and the
various miscellaneous weights that include the dust
cap, spider, and adhesives used in putting together
the cone assembly. The cone and surround weight
are relatively easy to find. The poly cone and at-
tached rubber surround used in this exarnple weigh
in at 72 grams afier cutting off half of the edge.

The voice-coil assembly weight is the next part of
the M, equation. From experience (note that ex-
perience still plays a big part in wransducer design,
even with sophisticated software and a fast comput-
er), a designer knows that a 2” diameter voice coil
would likely yield the thermal power handling to
achieve the target of 200W established by the mar-
keting department. Experience also suggests that a
four-layer coil is required to produce the extra Bl
needed 1o push around a heavy 12" woofer cone.

Given the 8mm X . of Table 0.1 and the edu-
caied guess that the frontplate thickness would be
in the range of 10mm, the total voice-coil winding
height would be 26mm (voice-coil winding height
= frontplate thickness + 2[X, . ]). You can then cal-
culate the warget voice-coil weight by using a utility
provided in Reverse Speall. In this case the 27 di-
ameter fourdayer voice coil with a 26mm winding
heightand a 8.5 DCR should weigh in the vicinity
of 51 grams. Adding the cone weight of 72 grams
to the estimated voice-coil weight of 51 grams ptus
ancther 17 grams [or the dust cap and other miscel-
laneous weight, you get a target M,/ of 140 grams.

After you enter all of this information into Re-
verse Speal, the program automatically calculates
the parameter setshown in Fg. 0.25. As you can see,
the final speaker would be fairly efficient with an
SPL of 89.66dDB at 2.83V.

After you have determined the woofer parameter
argets, the next siep is to use the main body of the
SpeaDsoftware to come up with asel of woofer com-

TABLE 0.1: SEALED BOX CRITERJA.

Standard for a 48 car audio woofer

Sy i.04%m” Standard 12" cone area
Qus 10

An estimate based on the voice coil and cane type and the data chart
in the Speal} help system

A compromise benween efficiency and a slightly “warm” bottom end

The upper range excursion for most 127 subwoofers

Box voluine 2.0(¢° Given by marketing
Qre 0.9
that car audio enthustasts like
Mo 2277 ———
Kix ~ 8mm
f,  40Hz ~ Given by marketing
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ponent parts that will produce these parameters.
Step 1 is to use the Speal) Voice Coil optimizer to
finalize the voice-coil specification, entering voice-
coil data already produced with the Reverse SpeaD
Coil Tool into the Coit Optimizer (four layer coil,
2" ID, Kapton former, 26mm winding height, and
a DCR of 3.5Q). The Coil Optimizer calculates that
the wire size would be 25 AWG and the actual wind-
ing height with a 3.5 DCR would be 24.767mm—
close enough  the targel of 26mm (Fig. 0.26).
The next step is the motor design. Again, expe-
rience would lead a transducer engineer to start
with a 30 oz magnet that had likely been success-
fully used on other similar 12" woofer projects. The
dimensions for a 30 oz magnet are 120mm outside
diameter x 20mm thick x 60mm inside diameter.
As a rule of thumb, the ideal frontplate and back-
plate diameter is generally calculated to be the mag-
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Calculating
parameters with
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net OD less the frontplate thickness—in this case,
110mm would be perfect.

Entering 110mm for the {rontplate OB, 10mm
for the thickness, and then using Speal)’s recom-
mended inside diameter of 54.25mm, you've fin-
ished the frontplate design. To do this, the program
takes into consideraton the diameter of the coil,
former thickness, and winding depth plus a typical
gap spacing that would produce maximum Bl and
still have room for mechanical travel.

The backplate/polepiece is just as simple. Begin-
ning any design, a designer can always asswme the
backplate to be the same OD and thickness as the
frontplate. For the polepiece, a standard pole diam-
eter of 48.95mm would give an appropriate amount
of clearance between the pole and the veice-coll
former inside diameter:

Also incorporated into this speaker motor design
1s a bmm extended polepiece (see the later section
on extended polepiece dynamics) that would, ac-
cording to the Speal Help menu, be ideal for the
10mm frontplate thickness. The extended pole not
only provides for more linear flux in both move-
ment directions for the voice coil, but also provides
a gwide for the ccil on extreme excursions that take
the coil completely out of the gap. The extended
pole prevents the possibility of the veice coil jam-
ming into the front plate and causing catastrophic
failure. The last detail is a 25mm vent hole in the
polepiece that was added for cocling and pressure
release behind the solid dust cap.

Afteryouenterall of thisdata into the software, the
program immediately reveals a substantial amount
of information about the motor design. First,
each of the metal parts—frontplate, backplate, and
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polepiece—has a “saturation bar,” an indicator that
shows Lo what degree the part is magnetically satu-
rated. Normally, the most efficient (and least expen-
sive) way to design woofers is with the components
at or just below their saturaiion levels. In this case,
none of the metal parts in the motor simulation was
close to saturation, which shows that the motor was
not losing any energy because the parts were too
thin (oversaturated).

Next, from the drop-down boxin Fg. .27, you can
see that the gap flux has a reading of ¢.56 Tesla (Bg).
Speal also indicates that the minimum backplate
thickness is less than 6min for this design. This means
that if the motor design meets the required goals, the
company could save money in parts costs by reducing
the backplate thickness fromn 10mm to 6mun.

At this point, most of the inforation for the Soft
Parts section of Speall is available and can be en-
tered into the program in order to get the final re-
sult. This includes the cone area {5) of 0.049Tm?,
the cone f, of 41Hz supplied by the manufacturer
(cone f, and the weight of the cone can be used to
define the cone compliance), the weight of half the
surround and cone measured at 72 grams, plus the
estimated miscellaneous 17 grams of dost cap/ad-
hesive mass. The spider deflection number cowes
from the spider supplier for a standard 6 diameter
spider with a 2” coil opening. Deflection for this
spider was (.Bmm using a 50 grams test weight. The
Q. value of ten that came from the SpeaD help sys-
tem is the last input vatue required.

The motor parts data and the soft parts data en-
tered into the program produced the T/S param-
eter set in Table 0.2 From this it is obvious that at
least one problem sull exists, as indicated by the
starting data, which shows that the [ prediction is
about 341z, 6Hz lower than the target f ) of 40Hz.
Since the easiest way to raise f is to decrease the
spider compliance (use a stiffer spider), the first
change is to experiment with the spider deflection
number.

After a few trials, a deflection of 0.15 caused the
parameter set o fall in line with the criginal tar-
gets as depicted in Fig. 0.28. After this analysis, a
designer would be ready 1o order parts and build
a protogype wooler with a high degree of certainty
that this design will produce the required result.

TABLE 0.2 SEALED BOX MOTOR AND SOFT PARTS.

Targel Paramelers Starting Data  Ist Iteration

Reve 55 3.5 3.5

{, 39.7 %3.77 59.21
Qrs 0.8467 0.7404 0.849%
Qs 0.9250 0.7996 0.9283
Qns 10 10 10

Vs 36.19 B1.47 38.18
Bl 11.94 11.64 11.64
Kras 140.00 139.86 139.86
SPL. 90.69 89.46 89.46
2.83V

Key Parts

Spider deficction 0.5mm @ 50g  0.19mm @ 50g

0.72 WOOFER DESIGN FOR VENTED
ENCLOSURES,

Keeping with the theme of being a transducer engi-
neer in a small car audio company, imagine you just
finished prototyping the sealed box product when
the marketing department decides that maybe a 2ft*
vented box with an f, about half an octave lower in
frequency would be beue] Markeling also wishes Lo
consider daing a bandpass speaker in the same size
box as well and has asked for two new prototypes
to test

The st thing is to check the viability of using
the current woofer prototype in a 2ft* vented box.
Even though the Q. is much too high (see Chap-
ter 1, Section 1.40 Woofer Selection and Encloswre Con-
struetion), running a LEAP simulation using the
sealed box woofer paramerers and a 2fi® box wined
to 40Hz confirms this (Fig. (.29). The 7dB peak in
the response indicates very poor damping for the
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FIGURE 0.28:
Final woofer
parameters in
Speal

FIGURE 0.29: LEAP
simutation for sample
woolers.

FIGURE 0.3¢:
Sample vented
wooler parameters
using Reverse
Speal.
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FIGURE 0.31:
Sample bandpass
design using
Reverse SpeaD.

FIGURE 0.32:

LEAP bandpass
simulalions.
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woofer/box combination and is unacceptable.

Using Reverse SpeaD and a little computer “cut
and try,” I achieved a moderately damped B3 type
response by lowering the f; target to 30Hz (Fg.
0.30). Marketing liked the idea of the sub going
lower in frequency. I entered the Reverse Speal) in-
formaticen into the main body of the program and
after three iterations of changes produced the data
presented in Table §.3.

The first step, as with the sealed box design, is to
adjust the compliance to match its target value. This
is again easily accomplished by adjusting the spider
deflection and making it stiffer. Decreasing the spi-
der compliance with a new deflection of 0.25mm
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raised the f sufficiently to match the new vented
box target.

The next step is to increase Bl to a level that low-
ers the Q. 1o its target value. Increasing the mag-
net OD is the most obvious approach to try initiaily.
The next size available is 140mm. Aleng with the
increase in the magnet OD, it is necessary to also
increase the frontplate and backplate OD to match
the magnet.

This 140mm magnet change brought the Q) very
close to the target, but QTS is still too high. Increas-
ing the magnet OD beyond 140min is one possible
technique that could be used to increase Bl enough
to achieve the target Q, ., but an alternate approach
is 1o try increasing the magnet thickness. This would
give the voice coll additional travel in the rear di-
rection of coil travel and help prevent “bottoming”
(the back of the voice-coil former slamming into
the backplate on a rearward stroke).

Given the excursion potential of all vented loud-
speakers below the box taning frequency, this would
definitely be an appropriate choice, especially given
the somewhat well-known fact that car audio cus-
tomers are notorious for playing their systems at
high volume levels with the bass full up. A change
from 20mm to 25mm in the magnet thickness in-
creased Bl sufficiently to provide an exact match
with the target Q .

0.73 WOOFER DESIGN FOR BANDPASS
ENCLOSURES.

Bandpass designs are more complex and require -

more information to define the targets in Reverse
SpeaD. Typical additional specs (besides a total vol-
ume of 2ft* and an f,in the vicinity of 40Hz) include
a fiat response with 0dB ripple and a -3dB high-fre-
quency cutoff of between 80 and 90Hz. After enter-
ing the appropriate data, Reverse Speal calculated
the parameter targets for a box with a 0.77{t* vear
volume and a 1.2{t* front volume tuned to 60Hz
(Fig. 0.31).

The woofer described has a driver efficiency of

w-’f'/ L | - e — L_lteAni  90.6dB at 2.83V and a system gain for the bandpass
enclosure of 4.25dB. Entering this data nw the
TABLE 0.3: VENTED BOX DESIGN
Target Parameters Starting Data Ist Iteration 2nd Iteration 3rd Iteralion
Reve: 3.5 3.5 3.5 3.5 3.5
fo 36.23 33.77 36.20 36.20 56.20
Qs 0.4381 0.7404 0.7859 0.4740 0.4210
Qs 0.4582 0.7996 0.8572 0.4976 0.4395
Qus 10 10 10 10 10
Vs 44.53 51.47 44,79 44.79 44.79
Bl 15.94 11.64 11.64 15.28 16.26
Konax 8.00 7.38 7.38 7.39 7.39
My, 140.00 139.86 189.86 139.9 139.90
SPL 92.17 89.46 89.46 91.82 92.36
2.83V
Key Parts
Spider deflection 0.5mm @ 50g 0.25mm @ 50g 25mm @ 50g 25mm @ 50g
Magnet OD 120 120 140 140
FP & BP OD 110 110 150 130
Magnet TH 20 20 20 25




main program menu results in the data displayed
in Table 0.4, which includes the four iterations of
driver part variations to achieve the final result.

The first iteration required a new surround (losy-
er cone f,). Instead of stiffening the suspension
as was done with the spider change for the vented
design, what was needed was a surround that was
less stiff than the original design. I used a medium
stiffness (also called durometer) material (o achieve
a cone f, of 35Hz. This brought the woofer f, to
99 628z, just a hit higher than the target. A minor
adjustment to the spicler deflection, as shown in the
second iteration, was all that was additionally need-
ed to obtain the target speaker f.

The next step is to manipulate Q- so that it
matches the target value. Since Q. is gready affect-
ed by the Q, which in wurn is strongly related to B,
[ made changes in the magnet thickness.

As you can see, the target Q.. is achieved with a
new magnet thickness of 40mm, which is twice the
starting size, although the motor strength is some-
what high. This also seeins like an expensive option,
so by experimenting with the magnet OD, it was
easy to determine that changing the magnet from
[20mm to 130mm produced good results.

After looking at a magnet supplier’s catalog, 1
inserted 130mm-OD and 65mm-ID magnet dimen-
stons te reduce the total magnetic area and hring
the parameters close to the desired target. You can
sec how each of these iterations affected the box
performance in f7g. 0.32, which is a LEAP box simu-
lation series that uses the starting T/S parameter
set given in this exercise plus each of the four itera-
tion T/S parameters sets.

0.74 WOOFER DESIGN FOR A COMPACT
SEALED ENCLOSURE.
After all of this work, the marketing department

for the small car audio company finally woke up
and smelled the coffee to realize that most of its
competitors were selling car audio subwoofers that
performed reasonably in small enclosures of 1.25-
0.75f°. Two new performance parameters were
added to the mix—a 0.75f1* box with an [, of 50Hz.
Given the low-frequency response “lift” supplied by
the average car comparunent, 50Hz is more than
adequale (see Chapter 11, Section 11.4 Computer Simu-
lation of Closed-Field Performance).

These box criteria are typical of current car sub-
woofers on the market and descril»e many of the 127
car subs [ have reviewed for Car Audio and Electron-
ics magazine over the past two years. The Reverse
Synthesis program determined a target parameler
set (Fig. 0.73) which I then entered into tbe main
menu system of Speal. You can follow the various
changes made through four separate iterations
done for the driver in Tuble 0.5.

Just as with all of the other designs, the process
begins by getting the [, 10 mawch the target param-
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TABLE 0.4: BANDPASS ENCLOSURE DESIGN

Target Parameters Starting Data 1st Iteration 2ud Iteration  3rd Iteration 4th Iteration
Rive 3.5 3.5 35 35 3.5 35

fs 28.68 33,77 26.62 28.79 28.79 28.79
Qs 0.5160  0.7404 0.6553 0.6381 0.5161 0.5360
Qes 0.5440 0.7996 0.7013 06816 0.5442 0.567
o 10 10 10 10 10 10

Vis 70.82 51.47 66.9] 70.83 70.83 70.83
Bl 13.05 11.64 11.64 11.64 13.03 12,77
Kax 8.00 7.38 7.38 7.58 7.38 7.38
Mo 140.00 139.86 139.86 139.86 189.86 139.86
SPL 90.36 89.46 89.46 89.46 90.4% 90.26
2.83V

Vbl S 0.79

Vb2 V 1.20

Key Parts

Cone f, 4] 35 25 35 35
Spicler deflection 0.5mm @50g  05mm@5B0g 07mm@50g wimm« 50g  0.7mm @ 50g
Magnet OD 120 120 120 120 130
Magnet TH 20 20 20 4{} 20
Magnet ID 60 60 60 G0 G5

EP & BP QD 110 110 110 110 120

60 oz magnel

35 oz magnel

. Gpeall Raveize Synthetis g ]

Fie f&@ [pbiom Ecclomss [asgn Tooh  Hel

j@:HH‘:ﬁ ]|

FIGURE 0.33:
Parameters for
compacl design
using Reverse
SpeaD.
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to hit the free-air resonance target.
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| 7 ~iBdndpass
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0.34

\ Large
Y Sealed i

eter. f, on this speaker was similar to the first design
and required only a change to the spider deflection

The second change was again to increase the
magnet and plate ODs. This time changing the OD
produced a little more magnet energy than needed,
s0 in the last iteration the frontplate ID was modi-
fied to fine-tune the Bl and thereby adjust the Q..

Using the Design Overview feature in Reverse
SpeaD allows you to compare the [our different re-
sponse curves generated for this exercise (Fig. 0.34).
It is interesting to note that the first three designs
all have the same basic targets for box size but very
different responses. The first sealed system has the
lowest efficiency, while the vented system 1s slightly
more eflicient and includes mnore low-frequency ex-
tension. The bandpass system is very eflicient, but
has a somewhat narrow bandwidih.

For use as a car audio subwoofer, the small sealed
box is probably the best choice out of the four. Itis
eflicient, with good power handling, and a reason-
ably small magnet structure to keep its cost down.

0.75 EXTENDED POLE DYNAMICS.

Section 0.20, The Motor System, discussed some of
the basics of different pole shapes and their effects
FIGURE 0.34: upon the magnetic linearity of a driver motor. For
Gomparing design the specific case of extended pole configurations,
respanses. Spead offers some unique opportunities to play
“what if” with different degrees of pole extension.
FIGURE 0.35: One of the most important aspects of this software
Pole extension is the way that the magnet modeling system tracks
cormparison. _ .
the strength of the magnetic flux in the gap (Bg),
o Gap e Boltom and, more nnportant, the shape of the magnetic
Test Posllion field LhaL. cletet:mmes the amount of energy applied |
to the coil. An interesting way (o apply this program
feature is to compare what happens to the driver’s
TABLE 0.5: COMPACT SEALED BOX DESIGN.
Target Parameters Starting Data [st Iteration 2nd Iteration 3rd Iteration
Reve 3.5 3.5 35 35 35
fo 39.64 33.77 39.21 39.21 39.21
Qs 0.6957 0.7404 0.8495 0.6461 0.6820
Qrs 0.7477 0.7996 0.9283 0.6907 0.7568
Quis 10 10 o 10 10
Vs 35.71 51.47 38.18 38.18 38.18
Bl 13.32 11.64 11.64 1350 18.07
Xyan 8.00 7.38 7.38 7.38 7.38
M.p 140 139.86 139.86 139.86 139.86
SPL 90.6J B89.46 89.46 90.74 90.46
2.83V
Key Parts
Spider deflection 0.5mm @ 50g 0.15mm @ 50g 0.15mm @ 50p  0.15mm @ 50g
Magnet OD 120 120 130 130
FP & BP OD 110 110 120 120
Frontplate 1D 54.25 54.25 54.25 54.75
TABLE 0.6: POLEPIECE EXTENSION DYNAMICS.
Pole Extension mm
0 1 2 3 4 5 6 8 10
B, (D) (.61 (.60 0.59 (.58 0.57 0.56 0.56 0.56 0.35
Bl (TM) 10.90 11.02 11.16 11.30 11.47 11.64 [1.60 1L.51 11.42
Qs 0.958 0.939 6.919 0.807 0.874 0.850 0.856 0.368 0.881
Qs [.060 1.G36 1.012 0.985 0.958 0.928 0.926 0.951 (.966
18 Ky (mm) 958 9.77 9.08 10.95 10.50 10.82 10.82 1082 1082
SPL @ 2.83V 85.68 88.98 89.08 89.2 §9.32 89.16 8042 89.35 89.29




pararneters when the pole piece is extended from a
point that is flush with the top of the frontplate to
an extension that equals the gap height.

To help illustrate how this works, Fig. (.35 shows a
plot of the magnetic flux measurements (Bg curves)
that reflect the measurement of motor strength in
the middle of the gap. The three curves show the
frontplate gap Bg (flux densily) in Tesla for Omm
(flush pole), Sim, and 10mm pole extensions.

A flush Omm pole is by far the most common de-
sign used today and actually has the highest peak
reading in the center of the gap. However, the
shape of the flux field is not symmetrical on both
sides of the gap, and a large amount of stray flux is
lost on the topside of the magnet structure.

A Bmm extension, whicl is half of the frontplate
thickness, offers a very synunetricat field, The peak
Bg in the gap is slightly less than the Omm exten-
sion because the stray flux is better contained; how-
ever, the actual usable energy has increased. As the
extension increases past the ideal of half the front-
plate thickness, the improved symmetry continues,
although the usable energy decreases because of the
losses caused by the magnetic having to “drive” the
extra metal of the tonger polepiece. Loss caused by
the extra extension can be minimized by making-a
cup in the top of the pole to reduce the amount of
metal volume {£9g. 0.2¢).

Other advantages provided by extra pole exten-
sion include improved alignment on extreme ex-
cursions and most notably an increase in thermal
power handling as a result of the extra heatsink
area next e the voice coil. The illustrations depict-
ed in Figs. 0.36 and .37 show FEA (Finite Element
Analysis) models of a woofer motor ¢ross-section.
This shows the intensity of the inagnetic field in and
around the gap and makes it very easy te see the

Figure 9.38

Fipure 0.37

shape of the flux in the gap. Figure 0.36 describes
a flush pole, while Fig. 0.37 depicts a pole with the
ideal extension. Note the symmetry of the magnetic
field above and helow the gap on the extended pole
as compared to the flush pole.

The data in Table 0.6 gives the predictions for in-
crementally increased pole extensions (only the pa-
raineters affected by the pole extension changes are
shown). Notice how the efficiency and Bl increase
as Q decreases between (mm and 5mm. Once you
go past this “ideal” half of the frontplate length pole
extension (bmm), the relationships reverse and
efficiency and Bl decrease as Q increases as the
length increases to 10mm. Speal is able to make
these predictions because of its ability to model the
shape of the flux in and around the gap.

This motor model also allows the program to
determine the real “working” X . of the speak-
er. Speal) displays hoth the conmonly used X,
(based on the measured voice coil X, = gap height
- [voice coil length/2]) and the working Ko that is
based on the seftware’s magnetic geometry model-
ing, referred to as X, .f. X, . fis a more realistic
representation of how far the coil can travel before
the total number of voice-coil “turns” (the “I” in Bl)
starts decreasing and the speaker becomes uncon-
trolled and distorted.

The eriteria used for determining the linear oper-
ating envelope for a speaker system used elsewhere
in this book use a rough approximation of field ex-
tension by applying X, . + 15%, as explained in Sec-
tion 1.62, Displacement Limited Acoustic Power Outpul.
This approximation does not, however, distinguish
between more linear configurations such as pole ex-
tensions, as Red Rock Acoustic's software is capable
of. The X, fvalues for the various pole extensions
are included in Table 0.6.

0.80 ADVANCED TRANSDUCER
ANALYSIS STUDIES.

There is no doubt that the Klippel Distortion Ana-
lyzer is the most significant new tool for loudspeak-
er characlerization to come along in the past few
vears. Coupling a sophisticated distortion analyzer
(Fig. 0.38) with a positioning laser (Fg. 0.39), Dr.
Wolfgang Klippel and his group have given the in-
dustry a powerful weapon for understanding the
dynamic functioning of woofers, midranges, and
tweelers (for more, visit the Klippel website at www.
klippel.de, and pay specific attention to the “Know-
How" section). The reason this device is so signifi-
cant is that a siall signal linear model such as the
famtliar Thiele/Small modet cannot describe the
behavior of electrodynamic loudspeakers at high
amplitudes.

Because the standard sinatl signal model doesn’t
deal wath the dynamies of increasing inpu levels
(the LEAP model is an exception and has always
dealt with dynamic and nonlinear changes in some
fashion), iLis oblivious to the thermnal variations and
the vavious other nonlinear mechunisms that cause
distordon and ultimately limit acoustic output of
any device, With its ability o measure dynamic B,
compliance, inductance, temperature, and a wide
varicty of other speaker chavacteristics, the Klip-
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FIGURE 0.36:
Shape of lne flux,
inthe gap with a
flush pole.

FIGURE 0.37:
Exlended pole.
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pel Analyzer was the perfect choice for a series of
short studies that were designed for the 7% Edition
of the Leoudspeaker Design Cookbook. Topics that are
illuminated using the Kippel DA include Bl linear
ity, pole extensions and lingarity, shorting rings and

20
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Klippel DA-2 distortion
analyzer hardware.

FIGURE 0.39:

Klippel lest sland with
positioning laser and

microphone altached.

distortion, voice coil temperature and motor mass,
and voice coil temperature and pole vents.

0.81 Bl AND COMPLIANCE LINEARITY.

If you have read through and absorbed the fivst part
of this chapter (Sections 0.21-023), you kaow that
Bl describes the electromagnetic “horsepower” of a
loudspeaker motor, and is essentially the number of
turns of wire exposed to the concentrated magnetic
field in the gap area.

waveform. Getting them to behave as linear as pos-
sible is the task at hand. To that end, Pat Turnmire,
CEO of Red Rock Acoustics and author of the
Speal and RevSpeaD software (Section 0.70), and |
put together a short study to illuminate just how it
is that ransducer engineers such as Mr. Turnmire
make speakers operate in a more linear fashion
with lower levels of distortion.

The concept was to build up a series of 10" woof-
ers, starting with a purposely nonlinear design and
gradually change one “item” per iteration until we
have gone from the initially low performance wool-
er to one that has all the bells and whistles available
to improve performance. In total, Pat generated ten
woofers for the Bl, pole extension, shorting ring,
and voice coil temperature explications that folow.
For this section, however, only five of the ten woof-
ers were used. All Aive used the same {rame, cone,
surround, fourlayer type voice coil wound on the

~ same diameter and thickness aluminum former, the

same carbon content steel in the plates, all using
Y33 magnet material, and each with a 10inm gap
height. The physical specifications for each driver
are summarized in Table 0.7.

Before wsing the Klippel analyzer, all of the
Thiele/Small parameters were measured using a
MLSSA analyzer and the results are summarized in
Tabie 0.8.

Locking at Table 0.7, you can see that the initial
change in waoofer samples 1-3 was in voice coil
length. From the data given in Tuble 0.8, you can
also see some of the criteria used in assembling this
group. Obviously, an attempt was made to keep Re
and Fs reasonably constant so that all the woofers
would have about the same tuning characteristics
in a common sealed box volume. However, since
all five samples used the same cone, the cone as-
sembly weight (Mmd) would then vary with voice
coil size. Because Mind varied significandy, you will
also notice that changes were made in the magnet
size to keep Qts values within a [airly narrow range,
with the exception of woofer sample #1, which has a
somewhat higher Qts than the rest of the group.

Following the initial increase in Xmax in the first

Every  loudspeaker

i , : TABLE 0.7

designer’s goal is (o
have a woofer that is  Sample # | Magnet Dim. VCLength | Xmax | Spider Type | Pole Extension
perfectly linear and | IOmmx 15min | 14mm 2mm Cupped No
works equally well 2 | 140mm x 20mm 24inm 7mm Cupped No
in both directions of 3 [ 140mm x 40mm 40mm 15mm Cupped No
travel and faithfully 4 | 140mm x 40mm 40mm 15imm Flat No
tracks the input sig- 5 1 140mm x 40mm 40mm 15mm Flat Yes (5mm)
nal with zero distor-
tion. For the most TABLE(.8
part, this speaker 1 3 4 5
doesn’t exist, butitis Ry 31082 3.0002 2.960 3.0602 3.07%
the goal. F; 50.49Hz 30.76Hz 28.13Hz 28.19Hz 27.82Hz

To one extent or s 6.86 6.59 6.06 7.54 7.92
another, all woofers Qg 0.78 (.65 0.58 0.58 (.56
behave, or misbe- Qs 0.70 0.59 0.53 0.54 0.52
have as it were, in 4 Vg 34 .25 liters 3951 liters 36.92 liters 57.21 liters 58.20 liters
manner that leads My, 88.9 grams 122.1 grams 1573 grams  157.3 grams  157.3 grams
o some level of dis- Bl 9.47 Tin 10.56 Tm 12.07 Tm 12.22 Tm 12.44 Tm

tortuon of the input



three woofers, the next change was in the suspen-
sion system, which means that the first three drivers
had cupped or elevated type spiders and samples
#4 and #5 had a more linear flat type spider that
lacked the asymmetrical problems generally associ-
ated with the “hinge” on a cupped spider. The Jast
jterative change to make the motor systein more
linear was with the addition of a pole extension that
was equal to one-half of the gap height for woofer
sample #5. All the data from Table 0.8 was entered
into the LEAP 5 Enclosure Shop software and the
fve woofers simulated in a 2ft* enclosure with 50%
fiberglass fill material.

The SPL and impedance curves are shown in
Figs. 0.40 and 0.41, respectively. Again, with the ex-
ception of woofer sample #1, the remaining four
samples had at least similar performance in the
same enctosure volume, However, using computer
box simulations, all you can see is the similar box
performance, some SPL difference, and some obwvi-
cusly higher voice coil inductance in some of the
woofers, but you really don't have much of an idea
how these drivers are performing dynamically, and
even if you rerun the simulations at higher input
voltages, you will only see the relative increase in
SPL and changes in overall damping in the woofer/
box combination,

The best way to reveal the changes in linearity as
we increased the voice coil length, improved the
suspension linearity, and increased the forward
fringe field linearity by adding a pole extension is
using the Klippel Analyzer. Because this is a very
expensive test instrument that ranges from $20,000
to §30,000, it 15 unfortunately out of the reach of
most amateur designers, and even many smaller
loudspeaker manufacturers. However, Drv. Klippel's
group has gracicusly provided a complete Klippel
setup that Patrick Turnmire and 1 use for driver test-
ing in Voice Coil magazine, product reviews in Car
Audio and Electronics magazine, and for this section
of the 7" Edition of the LOC.

1 chose three graphs from the selection of data
produced by the Klippel Analyzer, Bl (X}, Kms (X},
and Le {X). This is the same basic curve set that I use
in the Test Bench section of Voice Coil each month.
Bl (X} is a dynamic depiction of Bl change as the
woofer reaches the extremes of excursion in both
the forward and the rear divections of Lravel. Kms
{X) 1s the stiffness of the suspension curve and is the
mathematical inverse of a compliance curve, The
Le (X) curve shows the changes in inductance that
occur as the voice coil travels in both directions.

Testing woofers using the Klippel Distortion An-
alyzer involves running a noise stimulus with a pre-
programined series of leve) changes. This test takes
approximately 5-18 ininutes per driver and yielded
the Klippel data curves for the five woofer samples
as follows:

Bl (X) Kims (X) Le (X)
Sample #1 0.42 0.43 0.44
Sample #2 0.45 0.46 0.47
Sample #3 0.48 0.49 0.50
Sample #4 0.51 0.52 0.53

Sample #5 (.54 0.55 0.56

Looking at the set of curves for woofer sample
#1, you can see that the Bl curve has a rather point-
ed shape and falls off quickly in both directions
of cone travel. Actually, this is very similar to what
you often see in high efficiency pro sound woof-
ers where excursion is not as impertant of an issue
as efficiency. Both the Bl {X) and Kms (X) curves
show a forward offset of the voice coil, which while
not extreme in this instance, the goal is generally to
have these curves centered at the rest position™ and
symmetrical in both directions. However, offsets in
the voice coil at rest position can be both goo« and
bad. In most circumstances, an offset veice coil only
produces additional signal distortion, while a delib-
erate offset that compensates for an asymmetrical
magnetic feld can actually improve a woofer’s per-
formance".

The Bl curve for woofer sample #1 is actually
quite symmetrical, but the cupped spider Kms (X}
curve shows an obvious lack of symmetry with differ-
ent curve slopes for the rear direction of travel com-
pared to the forward direction. While this is typical
of cupped (elevated) spiders, it should be said that
It is also possible to configure this type of spider
such that its compliance is more symmetrical.

Another byproduct of Klippel analysis is for the
software to generate excursion limitations for the
individual Bl, compliance, and inductance compo-
nents that define how these components contrib-
ute to a particular level of distortion'®, Because the
woofers produced for this test are all basically 462
subwoofers, the criterion for a 20% distortion level
is Bl decreasing to a minimum of 70%, compliance
decreasing to a minimum of 50%, and inductance
decreasing to a minimum of 10%. A reasonable
criterion for subwoofers is 20% distortion, which is
subjectively not readily discernible at frequencies
below 100Hz. For full-range devices, the criteria

HOW
LOUDSPEAKERS
WORK

FIGURE 0.40:
Computer box simulation
SPL curves for woofer

J samples #1-5 (A=

woofer 1; B = wooler 2;
C = wooler 3; D = woofer

4; E = wooler 5).

af.g@j

FIGURE 0.41:
Computer box simulation
impedance curves for
wooler samples #1-5 (A
= wooler 2; B = woofer 4;
C = woofer 3; D = woofer
1; E = wooler 5).
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FIGURE 0.42: Klippel
BI {X} curve for wooler
sample #1.

FIGURE 0.43: Klippel
Kms (X) curve for
woofer sample #1.

FIGURE 0.44: Klippel
Le {X) curve for woafer
sample #1.

FIGURE 0.45: Klippel
Bl (X) curve for wooter
sample #2.

FIGURE 0.46: Klippel
Kms {X) curve for
wooler sample #2.

FIGURE 0.47: Klippel

Le (X) curve for waofer
sample #2.
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are adjusted from 20% to a lower 10% level of
distortion.

For woofers and subwoofers, Le (X} isn't really
relevant and primarily refers more to hearable in-
termodulation distortion in midrange-type speak-
ers. Tuble 0.9 gives displacement limiting Bl and
compliance numbers for the five sainples. For woof-
er sample #1, even though Xmax is only 2mm physi-
cally, this woofer can give satisfactory performance
out to bmm of travel before Bl derived distortion
became slowly audible,

Woofer sample #2 has as its primary change an
increase in voice coil length from 14mm to 24mm
giving the driver an Xmax of 7mm, up from 2mm
for woofer sample #1. Looking at the Bl (X) curve
in Fig. 0.45, it’s immediately obvious what the effect
of additional voice coil length has on the excur
sion capability of the woofer. The Bl curve for this
woofer has more of a broad plateau shape and only
gradually decreases Bl with increasing travel in ei-
ther direction. As with woofer sample #1, you still
see a moderate forward offset in the Bl (X} curve,
with ot much in the way of change in the Kms (X)
or Le {X) curves, as would be expected. Displace-

TABLE 0.9 ment limiting numbers likewise increased, but now
are somewhat less than the physical Xmax for this
Sample# Bl (X) Cms (X) driver
1 Smm 7.3mm ) .
Woofer sample #3 also has a substantial increase
2 10mm 8.4mm 1 th ) . h i ed b
i ]
3 15.2mm bl 3mm ¥n the vollce col ex?gt , again accompan;f . y an
4 15.2mm 10.8mm increase in motor size. Xmax for sample #3 is now
5 16.5mm 10.4mm 15mm, more than double the Xinax of woofer sam-
ple #2. The Bl (X) curve in Fig. 0.48 is now more
Force factor 81 (X £ factor Bl (X
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defined and has a wider, less shallow, plateau, but
also has a definite asymmetrical tilt and a substan-
tia] rearward offset of 7mm at rest due mostly to
the gap field asymmetry and the Jonger voice coil.
Again, with no changes in the suspension, the Kms
(X) curve is similar to woofer sample #2.

The only change made in woofer sample #4 was
to trade the asymmetrical cupped spider for a more
linear flat spider. The Bl (X) curve for sample #4
shows little change, but the Kms (X) curve is now
more synunetrical and has less forward offset than
was present with the fivst three woofer samples that
featured the cupped-type spider.

The easiest way to make the fringe field in the
forward direction more like the rear fringe field is
to extend the pole (see Section 0.75 aud gs. 0.36-
0.37). This was the only change made to sample #5,
and the effect is very pronounced. Looking at the
Bl (X} curve in [ig. 0.54, the Bl platean is now very
symmetrical with practically no offset whatsoever.

Because the Klippel analyzer will also output dis-

tortion curves for the individual distortion compo-
nents caused by Bl, compliance, or inductance, Bl
distortion curves were generated to compare per-
formance with and without the pole extension. Fig-
ures 0.57 and 0.58 depict the distortion component
of the Bl function for woofer sample #4 and woofer
sample #5, respectively, where the only difference is
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FIGURE 0.48: Klippel
Bl {X) curve for wooler
sample #3.

FIGURE 0.49: Klippel
Kms (X) curve for wooler
sample #3.

FIGURE 0.50: Kiippel
Le (X} curve for woofer
sample #3.

FIGURE 0.51: Klippel
Bl (X) curve for wooler
sample #4.

FIGURE 0.52: Klippe!
Kms (X} curve for woofer
sample #4

FIGURE 0.53: Klippel
Le (X) curve for woofer
sample #4.

FIGURE 0.54: Klippel

BY (X) curve for wooler
sample #5.
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FIGURE 0.55: Klippel
Kms {X) curve lor
woofer samplg #5,

FIGURE 0.56: Klippel
Le (X) curve for
wooler sample #5.

FIGURE 0.57: Klippel
Bl product distortion
curve for wooler
sample &4 (no pols
extension),

FIGURE 0.58: Klippel
Bl product distortion
curve for wooler
sample #5 (wilh Smm
pole extension),

FIGURE ©.59: Klippe!
Le (X) curve for
woofer sample #6 (no
shorting ring).

FIGURE 0.60: Klippel
Le (X} curve for
woofer sample #10
(wilh shoiting ring).

24

the 5mm pole extension. Combine this with the rea-
sonably symmetrical compliance in woofer sample
#5, and you now have a substantially more linear
driver with significantly greater excursion and low-
er distortion at high output levels compared with
the first woofer sample #1.

0.82 SHORTING RINGS AND DISTORTION.

Section 0.22 discusses the benefits of adding a short-
ing ring to a woater or midrange to reduce the AC
eddy currents generated by voice coil motion, a par-

If you compare the MLSSA devived T/S param-
eters in Table 0.10, you see virtually no difference
due to the shorting ring. However, the difference
in voice coil inductance can easily be observed in
Le (X) curves shown in Fig. 0.59 for woofer sample
#6 and Fig. 0.60 for woofer sample #10. Not only
has inductance decreased in the rearward direction
with the introduction of a large aluminum shoerting
ring, but it has also resulted in an overall decrease
in total motor inductance.

asitic current flow that is responsible for flux modu-  TABLE 0,10
lation of the magnetic field and sometimes a sub- Sample #6 Sample #10
stantial amount of inductive heating in large motor R, 3.08 3.06
woofers and subwoofers. The change in inductance L 248'?6 242'27
using a shorting ring is immediately obvious when Qus : 0.0
ine the Klippel Le (X) curves for woofer 265 0.50 2
you exainine the Klippel Le {X) curves for woofer Q 0.46 047
sample #6 and woofer sample #10, essentally the " R ' -
pic , P . ¥ Ve 40.82 liters 40.43 liters
same driver but with sample #10 having a large alu- pq. - 158 85 158.85
. . . . . . . hil . .
minum shorting ring similar to Type I in Fg. 0.6. BI 12.52 12.36
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In terms of distorton due to both Bl and induc-
tance, Fig. 0.61 gives the distortion curves for wool-
er sample #6 and [ig. 0.62 shows the same data for
woofer sample #10. The decrease in distortion level
and decrease in inductance is substantial for just a
few cents worth of aluminum.

0.83 VOICE COIL TEMPERATURE
AND MOTOR MASS.

The secret to making woolers as indestructible as pos-
sible is to somehow deal with the voice coil current
induced heating caused by the voice coil resistance
(OK, superconductor voice coil wire would be one
answer). Maintaining motor temperatures below a
level where your parts start 1o melt and the adhesives
break down increases the power handling and lowers
distortion in woofers when operating at high SPL.
The most obvious factor to consider is the amount of
mass in the motor. Larger motors can hold and radi-
ate more heat than smaller woofer motors.

Another test procedure available with the Klippel
Distortion Analyzer software modules is the Power
Test Module that produces the Klippel PWT tem-
perature test”. This is a power test that measures
voice coil temperature change (delta T} over time.
All ten of the test woolers were put through a high
voltage 60-minute PWT procedure. For woofer sam-
ples 1-3, the results are shown in Figs. 0.63-0.65.
Magnet dimensions are given in Table 0.7, but be-
vond that woofer sample #1 has a 17.61 oz. magnet
with 102mm diameter front and rear plates, woofer
sample #2 has a 38.61 oz magnet with 120mm di-
ameter plates, and woofer sample #3 has a 77.23 oz
magnet with 120mm diameter plates.

While there are other factors to consider, such
as the size of the voice coll, the number of wurns,
and gauge of wire {wooler sample #1 has 21.33m
of 0.37 wire; woofer sample #2 has 30.85m of 0.45
wire; and woofer sample #3 has 41.74in of 0.55
wire), wooler sample #1 rapidly increased voice
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FIGURE 0.61: Klippel
Bl product and induc-
tance dislortion curves
for woofer sample #6
(no shorling ring).

FIGURE 0.62: Klippet
Bl produc! and induc-
tance dislortion curves
for woofer sample #10
{wilh sharling ring).

FIGURE 0.63: Klippet
PWT temperalure
change graph for
wooler sample #1
{17.6 0z magnet).

FIGURE ¢.64: Klippei
PWT lemperalure
change graph for
wooler sample #2
{38.6 0z magnet).

FIGURE 9.65: Klippe!
PWT lemperalure
change graph for
wooler sample 43
{77.2 0z magnet).

FIGURE 0.66: Kiippel
PWT lemperalure
change graph for
viooler sample #6
(30mm pole vent).

25



LOUDSPEAKER
DESIGN
COOKBOOK

FIGURE 0.67: Klippel
PWT temperalure
change graph for wooler
sample #7 (22.5mm
pole vent).

FIGURE 0.68: Ktippel
PWT lemperature
change graph for wooler
sample #6 {16.9mm
pole veni).

FIGURE 0.69: Klippel
PWT temperalure
change graph for woafer
sample #9 (12.7mm
pole vent).
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coll temperature from an ambient temperature
of 75° Fahrenheit by 100 Kelvin. This change s a
180° F temperature increase, meaning that after
60 minutes of pink noise at about 30W, the voice
coil was operating at 255°F, With the larger mag-
netand plates, woofer sample #2 finished its power
test at 184°F, and the largest magnet, woofer sam-
ple #3, ended jts test at 151°L
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0.84 VOICE COIL TEMPERATURE
AND POLE VENTS.

A very traditional way to provide voice coil cooling
for high power woofers has been to put the larg-
est diameter hole possible in the motor pole piece.
The conceptis that the vent hole encourages air to
travel away from the voice coil area carrying heat
out the rear of the motor and thereby providing an
efficient convention path. However, this conven-
tional wisdom was challenged in a paper presented
at the 114" AES Convention titled “Nonlinear Mod-
eling of the Heat Transfer in Loudspeakers,” by Dr.
Wolfgang Klippel'.

While the paper discussed the Jimits of tradition-
al thermal modeling and offered a new extended
thermal model, it also gave an example of optimal
thermal design. The optimal design was a direct
comparison of a woofer with a typical vented pole
and the same woofer with the pole blocked so that
no air could travel through the pole vent. The re-
sult was a decrease in the driver Qms accompanied
by a significant decrease in the change in tempera-
ture over time. Essentially, blocking the vent forces
more air past the voice coil and out the top of the
gap and into the area beneath the spider and pro-
vides more heat transfer than the large pole vent
Because | have done subwoofer reviews in Car Au-
dio and Electronics magazine for a number of years,
I have been able to observe some of the wends in
thermal management in high power drivers, and
one of the currently popular techniques is to pro-
vide substantial venting below the spider mounting
shelland the front plate.

When [ suggested doing a Klippel woofer study
to Mr. Turnmire, he thought it would be interesting
to include a series of woofers starting with a typi-
cally large pole vent and then decreasing the vent
size over four woofers o see what the temperature
differential actually was and whether there was an
optimal vent size short of blocking the vent. Woof-
er samples #6-3 were produced especially for this
purpose. All four woofers had the same mechanical
description as woofer sample #5 in Table 0.7, while
Table 0.11 gives the pole vent sizes plus the MLSSA
derived T/S parameters.

You can observe from Table 0. 1/ that these woofers
are all identical, with only minor variations in their
parameters, but with a pole vent size that decreases

| from 1.2” in diameter to about 0.5” in diameter
£l sl ‘ rovoo 1| and the resulting different amounts of temperature
0 il P % change over lime. Temperature change over line
TABLE 0.11.
Sample #6 Sample #7 Sample #8 Sample #9
R, 3.08 3.06 3.08 310
P 24.86Hz 24.90Hz 23.72Hz 24.55Hz
Quis 6.81 5.67 6.24 ¢.83
Qg 0.50 0.43 0.42 0.43
Ors 0.46 0.40 0.39 0.43
Vs 40.82 liters 40.67 liters 44.82 liters 41.72 liters
Mo [58.85 grams 158.85 grams 158.85 grams 158.85 grams
Bl [2.52 13.53 13.37 12.98
Pole Venl Diameter 30mm 22.5mm 16.9mm 12.7mm
Delta T 47K 4d K 38K K




graphs are depicted in Figs. 0.66-0.69 for wooler
samples #6-9, respectively. The Delta T numbers
are taken from a statstical best line fit for the data
in these graphs, but it is clear that decreasing the
pole vent area seems to stop decreasing the voice
coil temperature past a certain point, and although
rot shown, when the vent was blocked completely,
the temperature change was the same as woofer
sarnples #8 and #9.

Looking at all of this, [ would say thatif you have
a woofer with a very targe pole vent, the engineer in
charge of the design very likely was notaware of the
possibility of optimizing the pole vent hole size for
maximum voice coil cooling. Also, you should be
aware that this represents only one of many meth-
ods available for improving convection-based tem-
perature reduction in a woofer design.
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CHAPTER ONE

CLOSED-BOX
LOW-FREQUENCY
SYSTEMS

1.10 DEFINITION.

The closed-box is the simplest of alt loudspeaker
designs, consisting of an enclosed voluine of air
and the loudspeaker or driver. Iis electrical and
pneumatic circuits are analogous to a second-
order high-pass filter with the response con-
trolled by the resonance and the associated
damping. There are two basic types of closed-
box systems: the infinite baffle (IB} and the air
suspension (AS).

The 1B enclosure is inade large so the compli-
ance of the air within the enclosure {its pneu-
matic “spring” quality) is greater than the com-
pliance of the driver suspension. A closed-box
loudspeaker becomes an acoustic suspension
speaker when the compliance of the air volume
inside the box is less than the compliance of the
woofer by a factor of three or more.!? This
design combination of a loose woofer surround
and a small box was popularized in the 1950s by
Acoustic Research, and is still frequently used by
loudspeaker manufacturers.

Because of its highly controllable response
shape and wransient characteristics, and because
of the relative ease of achieving correct box
parameters, the closed-box design is probably
the best for home construction, especially if you
are a beginner.

1.15 DEFINITION OF TERMS.

£, minus three decibel half-power (re-
quency (designates the beginning of
low end rolloff).

f resonance frequency of driver.

f resonance [requency of the closed-

box system.

() ratio of reactance to resistance (series
circuit) or resistance to reactance (pa-
rallel circuit).

Q. total Q3 of driver (woofer) at f, con-
sidering all driver resistances.

Q. total Q of speaker system at [, includ-

ing all svstem resistances.

volume of air having the same acous-

tic comnpliance as the driver suspension.

volume of air having the saine acous-
tic compliance as the enclosure.

peak linear displacement of driver

cone.

S, effective surface area of a driver cone.

V,  peak displacement volume of dviver
cone.

¥, uetinternal volume of enclosure.

o compliance ratio.

m,  reference efficiency.

Mr. Pablapa

C,, acoustic compliance of the driver
suspension.

C,, acoustic compliance of the air in the
enclosure.

1.20 HISTORY.

Infinite baffle closed-box designs were popular
from the very beginning until the early 1950s.
However, afler the air suspension design was
patented in 1949 by Harry Olson and his associate

J. Preston, things began to change. This change

was largely brought about by the work of an early
proponent of AS design, Edgar Villchur. In
1954,F1 he hegan a series of articles in Audzo imaga-
zine that estahlished the AS as the ultimate speak-
er design. It was during this same period thal
Acoustic Research introduced the classic AS
designed speaker, the AR-3. Henry Kloss, the co-
founder of AR (with Villchur), also went on to
found 1wo other successful companies which con-
tinued to popularize the AS design, namely KLH
and Advent.

In 1972, Richard Small published the most
definitive work on closed-box design to date 3
The following presentation on closed-box design
relies upon this momunental work of clarity and
simplicity.
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FIGURE 1.1: Frequency
response of closed-box
syslemns with different Qs.
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1.30 DRIVER “(3” and

ENCLOSURE RESPONSE.
The whole point of fitting a wooler to a particular
box volumne is to control the response characteris-
tics of the combination, The objective method is
to measure and align the ) factor. Q is a compos-
e term, used, in this case, to describe resonant
magnification in speaker boxes. It represents the
degree to which the electrical, mechanical, and
pneumatic circuits of the woofer/box combina-
tion interact 1o control resonance. Figure 1.1 %6
illustrates the rclationship between different val-
ues of Q and frequency response.

Several observations can be made from this
family of response curves depicted in Fig. 1. 1.
First, closed-boxes exhibit a fairly shallow rolloff of
about 12dB/octave. Compared to vented and pas-
sive-radiator designs with 24dB/octave rolloff
siopes, a closed-box with the same [, will yield
more low bass and have better transient stability.

Second, cerlain values of Q. have specific
response characteristics, which can be categorized
as follows:

Q=05

Critically Damped—transient perfect

1
th = — = (0577
o

Bessel response (D, )—max flat delay

1

QIC = = 0.707

Butterworth response (B,)—max flat amplitude
response with minimum cutoff

Chebyshev (elliptical—C,} Equal Ripple response—
max power handling and max efficiency, some-
what degrade« (ransients.

Atthough these particular (), s are just points on
a continuum, we can generalize about their subjec-
Live sound quality. High Qs in the vicinity of 1 tend
to have a warm, if somewhat robust, quality that
audio marketing people describe as “saleable.”
Lower ¢ values around 0.8 sound more detailed
{due in part to improved transients) and, by coun-
parison, somewhat shallow. Q,_ = 0.5 is usually
regarded as excessively taut and overdamped. Some
authorities, however, still consider this value (0.5
-0.6) to be optimal.” Occasionally, a quality loud-
speaker, such as the Rogers LS3/54, is designed
with a very high value of ) (1.2). In this case, it was
to give the minimonitor more apparent bass in a
mobile sound-van situation. (), greater than 1.2 or
$0, however, should be regarded as undesirable.

Table 1.0 illustrates the relationship between
and a peak in {requency response above a [lat
magnitude. The frequency of this peak, [ . is

y .
£1ax?

given as a ratio with the box resonance, £ . Also

included is the ratio £, which gives the frequen-

cy of maximum cone displacement.

TABLE 1.0
Qlc Peak dB fgmu/fc fxma.x/'fc
0.5 0 — 0
0.577 0 — 0
0.707 0 — 0
0.8 0.213 2.138 0.468
0.9 0.687 1.616 0.619
1.0 1.249 1414 0.707
1.1 1.833 1.305 0.766
1.2 2412 1.238 0.808
1.3 2.974 1.192 0.839
1.4 3.515 1.159 0.863
1.5 4.033 1.134 0.882
where:

Peak dB = 20logio | Q¢
Q|c2F0.25

f-J(rna:v. = I~ L 2
V 2Q ¢

The results of a survey of US, British, and
European closed-box systewns, done in 1969 Dby
Professor Richard Sinall!, revealed that inost AS
speakers fall into one of two categories:

1. cutoff frequency below 50Hz, Q up to 1.1;
size greater than 1.4ft%.

2. cutoff frequency above 50Hz; Q). from
1.2-2.0; size less than 2fi%,

Category 1 boxes tend to produce good low bass
for orchestral and organ music, while category 2
boxes had “demonstrably stronger bass” with pop
electric music.

1.35 ALTERNATE METHODS OF
ANALYZING BOX “Q.”

Along with ihe changes in the peak height, £
and £, several other factors describe box €.
As the mechanical damping on the driver
changes, and the impulse response degrades (as
the bass goes from “vght” to “tubby”), the
whole spectrum of changes accurs. These are

TABLE 1.1

dB Phase  Slope Vi
Q.. Peak  Angle dBloct. f; ft2
0.7 0 90° 1060 35Hz 2.6
0.9 0.69 97° 1195 39Hz 1.6
10 125 100° 12.08 43Hz 1.18
11 1.83  103° 12.82 46Hz 0.92
12 241 106° 1319 S0Hz 0.74
1.5 4.0 110° 13.96  64Hz 0420




the phase angle at the -3dB frequency, cone
excursion curves, the shape and magnitude of
the group delay curve, the shape of the inped-
ance curve, and the cone velocity and volume
current. The math needed to calculate this
type of information makes [or great mental
exercise, but using one of the CAE (Computer
Aided Engineering) programs available for
loudspeaker design is not only a great deal eas-
ier and faster, but provides information that is
much too laborious, if not entirely impossibte
for hand-calculation methods.

LEAP 4.0 (Loudspeaker Enclosure Analysis
Program by LinearX Systeins) was selected for
computer simulations and is used throughout
this book. At the time of publication, LEAP 4.0 is
the most flexible and powerful tool avaitable for
professional design and the only program which
can readily import and export data from comput-
er-based analyzers like the DRA Labs MLSSA
FFT and the Audio Precision System [.

The program was used to model a series of
closed boxes with a (), range of 0.7 through 1.5,
and the results used to illustrate these concepts.
A 107 driver (the Audio Concepts AC-10) with
parameters suitable for infinite baffle type enclo-
sures was used [or the simulation. No series resis-
tance was included, and the box was modeled to
include 50% fiberglass fill (50% fill generally cor-
responds Lo having the back and four sides of the
box lined with 3" thick 1 Ib/ft? fiberglass).
Enclosure volumes were calculated to provide the
appropriate amount of peaking for each Q) value
and the other data read from the graphs generat-
ed. The results are shown in Table 1. 1.

From the information given in Teble 1!, and
illustrated in the simulated SPL and acoustic
phase curves in Fig. [.2, it is obvious that as (3
increases, the -3dB phase angle, rolloff slope
and -3dB frequency also increase. “Phase,” as
it applies to loudspeakers, is a function of the
slope of the magnitude response. If there s no
more phase shift than what is dictated by the
magnitude respanse, the device is called mini-
mum phase, which is what loudspeakers are
generally considered to be. Phase is ineasured
by determining the time dilference between
the input signal from the signal source and the
output signal occurring al the cone surface.
The nore timne delay, the greater the measured
phase angle at that point. The family of phase
curves in Fig. 1.2 shows a primary change jn

TABLE 1.2
Closed-Box Q¢ = 1.0

Driver 1 Driver 2
f 31.5Hz 38Hz
Qe 0.45 0.54
Was 2.97ft3 1.92f(3
Vi G.75{13 Q.75ft3
f. 69.9Hz 70.4Hz

Vi should be wilhin 16%, which in this case, it is.
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TABLE 1.3
Q:c= 0.5
Second-Order, Critically Damped
le o foffs
0.1000 24.0000 5.0000
0.1200 16.3611 4.1667
0.1300 13.7929 3.8462
0.1400 11.7551 3.5714
0.1500 10.1111 3.3333
0.1600 8.7656 3.1250
0.1700 7.6505 2.9412
0.1800 6.7161 2.7778
0.1900 5.9252 2.6316
0.2000 5.2500 2.5000
0.2100 4.6689 2.3810
0.2200 4.1653 2.2727
% 0.2300 3.7259 2.1739
< 0.2400 3.3403 2.0833
0.2500 3.0000 2.0000
0.2600 2.6982 1.9231
0.2700 2.4294 1.8519
0.2800 2.1888 1.7857
0.2900 1.9727 1.7241
0.3000 1.7778 1.6667
0.3100 1.6015 1.6129
0.3200 1.4414 1.5625
0.3300 1.2957 1.5152
0.3400 1.1626 1.4706
0.3500 1.0408 1.4286
0.3600 0.9290 1.3889
@ (.3700 0.8262 1.3514
c‘jg 0.3800 0.7313 1.3158
= 0.3900 0.6437 1.2821
% 0.4000 0.5625 1.2500
™ 0.4100 0.4872 1.2195
0.4200 0.4172 1.1905
0.4300 0.3521 1.1628
0.4400 0.2913 1.1364
0.4500 0.2346 1.1111
0.4600 0.1815 1.0870
0.4700 0.1317 1.0638
0.4800 0.0851 1.0417
0.4900 0.0412 1.0204

the region of the response wheve the slope of
the rolleff is changing.

Figure 1.3 depicts the change in cone excursion
with changes in box Q. As the box size for a given
woofer increases, the amount of excursion
required alsc increases, and the maximum level at
which the driver produces acceplable levels of dis-
tortion decreases. Looking at these curves, the
tradeoff between better damping and power han-
dling is readily apparent.

Another indication of damnping changes (Q
changes) comes from the shape and absolute level
of the enclosure group delay curve. Group delay is
calculated from the phase response of the dri-
ver/enclosure combination. By definitiond, group
delay is the slope of the phase response (specilical-
Iy, the negative derivative of the phase slope). It
describes the relative delay of the spectral compo-
nents of a waveform. Mathernatically:

TABLE 1.4
Q= 0577
Second-Order Bessel [Dy)
Max Flat Delay Response

Qu o o/,
0.1000 32.2929 5.7700
0.1100 26.5148 5.2455
0.1200 22.1201 4.8083
0.1300 18.6700 4.4385
0.1400 15.9862 4.1214
0.1500 13.3797 3.8467
0.1600 12.0050 3.6063
0.1700 10.5200 3.3941
0.1800 9.2756 3.2056
0.1900 8.2224 3.0368
0.2000 7.3232 2.8850
0.2100 6.5494 2.7476

4 0.2200 5.8787 2.6227
- 0.2300 5.2936 2.5087
| 0.2400 4.7800 2.4042
0.2500 4.3269 2.3080
0.2600 3.9250 2.2192
0.2700 3.5669 2.1370
| 0.2800 3.2465 2.0607
0.2900 2.9587 1.9897
0.3000 2.6992 1.9233
0.3100 2.4644 1.8613
0.3200 2.2513 1.8031
0.3300 2.0572 1.7485
0.3400 1.8800 1.6971
0.3500 1.7178 1.6486
0.3600 1.5689 1.6028
0.3700 1.4319 1.5595
0.3800 1.3056 1.5184

| 0.3900 1.1889 1.4795
0.4000 1.0808 1.4425
0.4100 0.9805 1.4073
0.4200 0.8874 1.3738
&, 0.4300 0.8006 1.3419
& 04400 0.7197 1.3114
< 0.4500 0.6441 1.2822
. 0.4600 0.5734 1.2543
£ 0.4700 0.5071 1.2277
0.4800 0.4450 1.2021
0.4900 0.3866 1.1776
0.5000 0.3317 1.1540
0.5100 0.2800 1.1314
0.5200 0.2312 1.1096
0.5300 0..852 1.0887
0.5400 0.1417 1.0685
0.5500 0.1006 1.0491
0.5600 0.0616 1.0304
0.5700 0.0247 1.0123

Group Delay =
—(phase al £, ~ phase at [}} / (6, - [})

A flat group delay curve indicates that all fre-
quencies are arriving simultaneously, while a
peak in group delay shows some frequencics
arriving later, Better damping quality is associ-
ated with simultaneous arrival. Figure {4
depicts the group delay curves for the various
Q.5 Notice that as () increases, the shape of
the curve goes from almost flat at Q= 0.7 (a




TABLE 1.5
Q. = 0.707
Second-Order Butterworth (B3}
Max Flat Amplitude Response

Qts 54 felfs
0.1500 21.2155 4.7133
0.1600 18.5254 4.4188
0.1700 16.2958 4.1588
0.1800 14.4274 3.9278
0.1900 12.8462 3.7210
0.2000 11.4962 3.5350
1 0.2100 10.3344 3.3667

2 0.2300 8.4489 3.0739
1 0.2400 7.6779 2.9458
0.2500 6.9976 2.8280
| 0.2600 6.3942 2.1792
0.2700 5.8566 2.6185
0.2800 5.3756 2.5250
| 0.2900 4.9435 2.4379
0.3000 4.5539 2.3567
| 0.3100 42013 2.2806
0.3200 3.8813 2.2094
| 0.3300 3.5900 2.1424
0.3400 3.3240 2.0794
| 0.3500 3.0804 2.0200
| 0.3600 2.8569 1.9639
0.3700 2.6512 1.9108
0.3800 2.4616 1.8605
0.3900 2.2863 1.8128
0.4000 2.1241 1.7675
0.4100 1.9735 1.7244
., 0.4200 1.8336 1.6833
& 0.4300 1.7033 1.6442
< 0.4400 1.5819 1.6068
w 0.4500 1.4684 1.5711
Z 0.4600 1.3622 1.5370
0.4700 1.2628 1.5043
0.4800 1.1665 1.4729
0.4900 1.0818 1.4429
0.5000 0.9994 1.4140
0.5100 0.9218 1.3863
0.5200 0.8486 1.3596
0.5300 0.7795 1.3340
0.5400 0.7142 1.3093
0.5500 0.6524 1.2855
0.5600 0.5939 1.2625
0.5700 0.5385 1.2404
0.5800 0.4859 1.2190
0.5900 0.4359 1.1983
0.6000 0.3885 1.1783

Q. = 0.5 would have a flat group delay) to devel-
oping a sharp knee at Q, = 1.2,

The shape of the impedance “bump” at reso-
nance also changes with changes in Q. As Q.
increases, the shape gets more narrow and
sharp. Figure 1.5 shows the comparison between
the impedance curves of the same ) set. Notice
also that the height of the impedance peak is
decreasing with increasing Q, .

Figure 1.6 llustrates the cone velocity and vol-
ume current curves. Cone velocity curves give
the relationship between {requency and driver
acceleration, and are expresscd in maeters/sec-

TABLE 1.6
Qic= 08
Second-Order Chebychev {Cy)
Equal Ripple Response

Qs a £/fs
0.2000 15.0000 4.0000
0.2100 13.5125 3.8095

v 0.2200 12.2231 3.6364
< 0.2300 11.0983 3.4783
0.2400 10.1111 3.3333
0.2500 9.2400 3.2000
0.2600 8.4675 3.0769
0.2760 7.7791 2.9630
0.2800 7.1633 2.8571
0.2900 6.6100 2.7586
0.3000 6.1111 2.6667

| 0.3100 5.6597 2.5806
0.3200 5.2500 2.5000
0.3300 4.8770 2.4242
0.3400 4.5363 2.3629

\ 0.3500 4.2245 2.2857
0.3600 3.9383 2.2222
0.3700 3.6749 2.1622
0.3800 3.4321 2.1053
0.3900 3.2078 2.0513
_| 0.4000 3.0000 2.0000
0.4100 2.8073 1.9512
0.4200 2.6281 1.9048
0.4300 2.4613 1.8605
0.4400 2.3058 1.8182
0.4500 2.1605 1.7778
0.4600 2.0246 1.7391
0.4700 1.8972 1.7021
0.4800 1.7778 1.6667
0.4900 1.6656 1.6327

| 0.5000 1.5600 1.6000
3 05100 1.4606 1.5686
% (0.5200 1.3669 1.5385
2 0.5300 1.2784 1.5094
Z 0.5400 1.1948 1.4815
0.5500 1.1157 1.4545
0.5600 1.0408 1.4286
0.5700 0.9698 1.4035
0.5800 0.9025 1.3793
0.5900 0.8386 1.3559
0.6000 0.7778 1.3333

onds. Volume current curves represent a similar
concept, except that the relationship is between
frequency and the amount of air {current) dis-
placed as the driver accelerates and js given in
cubic meters/seconds. Notice that the shape of
these curves, like the impedance curve, gets
more narrow and sharp as Q increases. The fre-
quency of maximum acceleration occurs approx-
imately al the box resonance frequency f.

1.40 WOOFER SELECTION and

ENCLOSURE CONSTRUCTION.
Woofers intended for use in closed-box systems
are characterized by a low {ree-air resonance (fs),
relatively high cone mass. and long voice coils.
This description fits many of the raw drivers cur-
rertly available to the experimenter.

CLOSED BOX
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TABLE 1.7
Qlc= 0.9
Second-Order Chebychev (Cy)
Equal Ripple Response

Qrs o fcffs
0.2000 19.2500 4.5000
0.2100 17.3673 4.2857

% 0.2200 15.7355 4.0909
T 0.2300 14.3119 3.9130
0.2400 13.0625 3.7500
0.2500 11.9600 3.6000
0.2600 10.9822 3.4615
0.2700 10.1111 3.3333
0.2800 9.3316 3.2143
| 0.2900 8.6314 3.1034
0.3000 8.0000 3.0000
0.3100 7.4287 2.9032
0.3200 6.9102 2.8125
0.3300 6.4380 2.7273
0.3400 6.0069 2.6471
0.3500 5.6122 2.5714
0.3600 5.2500 2.5000
| 0.3700 4.9167 2.4324
| 0.3800 4.6094 2.3684
| 0.3900 4.3254 2.3077
| 0.4000 4.0625 2.2500
0.4100 3.8186 2.1951
0.4200 3.5918 2.1429
0.4300 3.3807 2.0930
0.4400 3.1839 2.0455
0.4500 3.0000 2.0000
0.4600 2.8280 1.9565
0.4700 2.6668 1.9149
0.4800 2.5156 1.8750
| 0.4900 2.3736 1.8367
& 0,5000 2.2400 1.8000
& 0.5100 2.1142 1.7647
?5 0.5200 1.9956 1.7308
2 0.5300 1.8839 1.6981
™ 0.5400 1.7778 1.6667
0.5500 1.6777 1.6364
0.5600 1.5829 1.6071
0.5700 1.4931 1.5789
0.5800 1.4078 1.5517
0.5900 1.3269 1.5254
0.6000 1.2500 1.5000

In terms of driver Q, closed-box loudspeakers
generally require woolers with a fairly high Q, of
greater than 0.3. This implies using drivers with
moderate-sized magnet structures, although exces-
sively small magnet (underdamped) drivers should
be avoided.*'? R. Small suggested a good rule-of-
thumb which he called Efficiency Bandwidth
Product (EBP)."!

EBP is quantified by:

Resonance Frequency _ s
Driver Electrical Q Qs

EBP =

EBP in the vicinity of 50 or less indicales a
sealed enclosure would be more suitable, while
EBPs of about 100 suggest a vented cnclosure.'?

TABLE .8
Q=10
Second-Order Chebychev (Cs)
Equal Ripple Response

Qs o fo/f,
0.2500 15.0000 4.0000
0.2600 13.7929 3.8462

% 02700 12.7174 3.7037
T 0.2800 11.7551 3.5714
| 0.2900 10.8906 3.4483
0.3000 10.1111 3.3333
0.3100 9.4058 3.2258
| 0.3200 8.7656 3.1250
0.3300 8.1827 3.0303
0.3400 7.6505 2.9412
0.3500 7.1633 2.8571
| 0.3600 6.7160 2.7778
0.3700 6.3046 2.7027
0.3800 5.9252 2.6316
| 0.3900 5.5746 2.5641
0.4000 5.2500 2.5000
0.4100 4.9488 2.4390
0.4200 4.6689 2.3810
0.4300 4.4083 2.3256
0.4400 4.1653 2.2727
| 0.4500 3.9383 2.2222
0.4600 3.7259 2.1739
0.4700 3.5269 2.1277
0.4800 3.3403 2.0833
| 0.4900 3.1649 2.0408
| 0.5000 3.0000 2.0000
| 05100 2.8447 1.9608
7 0.5200 2.6982 1.9231
o 0.5300 2.5600 1.8868
& 0.5400 2.4294 1.8519
< 0.5500 2.3058 1.8182
& 0.5600 2.1888 1.7857
£ 0.5700 2.0779 1.7544
0.5800 1.9727 1.7241
0.5900 1.8727 1.6949
0.6000 1.7778 1.6667

The other important criterion is the amount
of voice coil overhang. Because sealed box
woofers must excurse farther than their vented
counterparts, they generally require longer
volce coils. In absclute terms, this mcans at
least 2-4dram for sinall diameter woofers (6-8")
and 5-8mmn for larger diameter wooflers
{10-12"). If the manufacturer does not specify
the amount of voice coil overhang (X, ), il is
possible to check it yourself. Hold the driver
near a strong light and lock through the spider.
Most spiders are transparent enough 10 allow a
view of the coil (Fig. 1.7).

Enclosures for closed-box speakers should he air
tight. A good way to ensure an air-tight box, regard-
less of box construction method {butt joint,
witered, etc.), is to apply silicone adhesive to the
inside of all enclosure joints. Care should also be
taken to keep aiv from leaking past connection ter-
inals. IF you use a commercially available connec-
tor “cup,” make certain it has a gasket seal. If the
cup does not have a gasket, use silicone 1o seal any
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TABLE 1.9
th= 1.1
Second-Order Chebychev (C)
Equal Ripple Response
Max PWR Handling/Max Efficiency

le ¢4 fcff!,
0.2500 18.3600 44000
0.2600 16.8994 4.2308
0.2700 15.5981 4.0741

< 0.2800 14.4337 3.9286

" 0.2900 13.3876 3.7931
0.3000 12.4444 3.6667
0.3100 115911 3.5484
0.3200 10.8164 3.4375
0.3300 10.1111 3.3333
0.3400 9.4671 3.2353
0.3500 8.8776 3.1429
0.3600 8.3364 3.0556
0.3700 7.8386 2.9730
0.3800 7.3745 2.8947
0.3900 6.9556 2.8205
0.4000 6.5625 2.7500
0.4100 6.1981 2.6829
0.4200 5.8594 2.6190
0.4300 5.5441 2.5581

| 0.4400 5.2500 2.5000
| 0.4500 4.9753 2.4444
0.4600 47183 2.3913
0.4700 4.4776 2.3404
0.4800 4.2517 2.2917

| 0.4900 4.0396 2.2449
0.5000 3.8400 2.2000
0.5100 3.6521 2.1569
0.5200 3.4749 2.1154
0.5300 3.3076 2.0755

| 0.5400 3.1495 2.0370
0.5500 3.0000 2.0000
| 0.5600 2.8584 1.9643
2| 0.5700 2.7242 1.9298
% 0.5800 2.5969 1.8966
" 0.5900 2.4760 1.8644
Z  0.6000 2.3611 1.8333

potential air teaks. Air leakage caused by a speaker’s
lossy surround or porous dust cap should probably
be ignored, since attempts at correction can create
as many problems as they solve. Lossy pleated edge
surrounds are generally not appropriate for closed
boxes and should not be used at all. Porous dust
caps can be responsible for air leakage, but usually
have been employed to enhance voice coil cooling.
Sealing such dust caps could cause premature dri-
ver failure and nonlinear changes in driver Q.

1.50 BOX SIZE DETERMINATION and
RELEVANT PARAMETERS.

Box size determination for a closed-box speaker is

a fairly swaightforward process. The following dri-

ver parameters are required:

1. £, driver frec-air resonance

2.0),, totat Qofthe driver . .

3.V, volume of air equal (o dyiver compliance
4. X amount of voice coil overhang in

“tmax

millimeters

TABLE 1.10
Qlc =12
Second-Order Chebychev (Cz)
Equal Ripple Response

Qus o folfs
0.2500 22.0400 4.8000
0.2600 20.3018 4.6154

2 0.2700 18.7531 4.4444

" 0.2800 17.3673 4.2857
0.2900 16.1225 4.1379

| 0.3000 15.0000 4.0000
0.3100 13.9844 3.8410
0.3200 13.0625 3.7500
0.3300 12.2231 3.6364

[ 0.3400 11.4567 3.5294
0.3500 10.7551 3.4286
0.3600 10.1111 3.3333
0.3700 9.5186 3.2432
0.3800 8.9723 3.1579
0.3900 8.4675 3.0769
0.4000 8.0000 3.0000

| 0.4100 7.5663 2.9268
0.4200 7.1693 2.8571

| 0.4300 6.7880 2.7907
| 0.4400 6.4380 2.7273
0.4500 6.1111 2.6667
0.4600 5.8053 2.6087
0.4700 5.5188 2.5532
0.4800 5.2500 2.5000
0.4900 4.9975 2.4490
0.5000 4.7600 2.4000
0.5100 4.5363 2.3529
0.5200 4.3254 2.3077
0.5300 4.1264 2.2642
0.5400 3.9383 2.2222
0.5500 3.7603 2.1818
0.5600 3.5918 2.1429
0.5700 3.4321 2.1053
0.5800 3.2806 2.0690
0.5900 3.1367 2.0339

| 0.6000 3.0000 2.0000
., 06100 2.8699 1.9672
2 0.6200 2.7461 1.9355
‘gg 0.6300 2.6281 1.9048
L 0.6400 2.5156 1.8750
Z 0.6500 2.4083 1.8462

5. §, effective driver radiating avea in square
meters
6. V, displacement volume = S; (X,
mneters
Parameters 4, 5, and 6 can be supplied by the
manufacturer. You should recalculate parame-
ters 1, 2, and 3 using the procedures described
in Chapter 8, Loudspeaker Testing. Not only is the
manufacturer’s data subject to production line
changes, which you may or may not know
about, but you must account for the various
series vesistances that can have a critical elfect
on vour final results. These include amplilier
source resistance, the connecting cable
(between the amp and speaker), and series
CrOssover resistances.
The best way 1o choose a box size and associal-

) in cubic

THAN
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TABLE 1.11
Q=15
Second-Order Chebychev (Cy)
Equal Ripple Response

Qu o fcn’f,
0.3000 24.0000 5.0000
0.3100 22.4131 4.8387
0.3200 20.9727 4.6875
0.3300 19.6612 4.5455
0.3400 18.4637 4.4118
0.3500 17.3673 4.2857
0.3600 16.3611 4.1667
0.3700 15.4354 4.0541
0.3800 14.5817 319474
0.3%00 13.7929 3.8462
0.4000 13.0625 3.7500
0.4100 12.3849 3.6849
0.4200 11.7551 35714
0.4300 11.1687 3.4884
0.4400 10.6219 3.4091
0.4500 10.1111 3.3333
0.4600 9.6333 3.2609

v 0.4700 9.1856 3.1915
= 0.4800 8.7656 3.1250
0.4900 8.3711 3.0612
0.5000 8.0000 3.0000
0.5100 7.6505 29412
0.5200 7.3210 2.8846
0.5300 7.0100 2.8302
0.5400 6.7160 2.7778
0.5500 6.4380 2.7273
0.5600 6.1747 2.6786
0.5700 5.9252 2.6316
0.5800 5.6885 2.5862
0.5900 5.4637 2.5424
0.6000 5.2500 2.5000
0.6100 5.0468 2.4590
0.6200 4.8533 2.4194
0.6300 4.6689 2.3810
0.6400 4.4932 2.3438
0.6500 4.3254 2.3077
0.6600 4.1653 2.2727
0.6700 4.0123 2.2388
0.6800 3.8659 2.2059
0.6900 3.7259 2.1739
0.7000 3.5918 2.1429

ed response is to generate a design table which
specifies data for Q from 0.5 through 1.1, and
then consider the various possibilities. Use Tables
1.3 through 1. 12, or the design equations which
follow, to find the values of & (alpha) and £, the
resonance of the driver in the box. The £, -8dB
cutoff point can be taken from Table 1.12.

CLOSED-BOX DESIGN EQUATIONS

o = (%)24

Qs

fc = Q(C X fs
Qs

TABLE 1.12

- 3dB Rolloff Paint f;

Qlc filfc
0.500 1.5538
0.577 1.2725
0.707 1.0000
0.800 0.8972
0.900 0.8295
1.000 0.7862
1.100 0.7567
1.200 0.7358
1.500 0.6983

1 1
fe ( Q. ‘2) + (sz— 2)2+ 4 l/2x fc
2

Then, using the design tables:

Box Volume V1,=E

o4

fa= (E) x fe
fe

Box Resonance ¢ _ (&) « f,
fs

-3dB Point

Remember that air suspension operating sys-

tems cxist between values of o from 3-10.
Values of ¢ less than that venlure into the realm
of the infinite baffle.! Also, for bookshelf sized
speakers, f_= BOHz or less is a reasonable figure
for a closed-box system. 12

1.51Q ¥, and V_ VARIANCES.

For a given production run of identical drivers
(same comne, voice coil, surround, dust cap,
magnet, gap and so on), values of Q, f, and
V., can exhibit considerable variation.
Consequently, if the measured values for a
small sample (usuatly two for most of us) are
quite different, den’t be overly alarmed.
Although individual driver parameters can
have a wide range of values, the ratios of £/Q,
and the products of V_£2 are fairly constant.
Thus, the final and essential vesults will also
tend to be constant. Consider the data for two
identical drivers (Table 1.2).

1.60 ADDITIONAL PARAMETERS.

Thyee other factors are useful in evaluating the
prospective performance of a closed-box systern:
the reference efficiency, the displacement limit-
ed acoustic power output, and the electrical
input power required to produce the displace
ment limited output.

1.61 REFERENCE EFFICIENCY(n,).
Reference efficiency is, primarily, dependent
upon the driver paramelers and nol upon the

e




enclosure. It is often expressed as a percent,
or more commonly, as a sound pressure levet
(SPL). Basically, 1, is most useful for compar-
ing the efficiency of drivers in a multi-driver
speaker system. As such, it can be used to
determine the amount of attenuation needed
for mid and high frequency drivers (for rea-
sons of practicality, woofers are seldom, if
ever, attenuated to match other drivers in a
multiway speaker).

Free-air reference efficiency can be deter-
mined by:

Tlﬂ = K{fssvas;'
Qs

where:

K =9.64 x 10 for V_ in liters
9.64 x 1077 for V_ in cubic meters
2.70 % 10-8 for V_ in cubic feet

For this calculation, V,, should be measured on a
baffle or enclosure the same size as the speaker
cabinet. This equation gives 1, as a decimal
equivalent, To convert 1, to:

Percentage % =1, 100

SPL, TW/IM  dB =112+ 10log,, M,

N, can vary from low values around 0.35% Lo
higher values up to 15%. Table 113 lists effi-
ciency data for well-known drivers, which will
give a perspective to the situation.

For comparison purposes, 1, in a sealed enclo-
sure {unfilled) can be determined by:

Kfclvasvh

Mote = ————
Qcc[vas + Vb}

1.62 DISPLACEMENT LIMITED
ACOUSTIC POWER OUTPUT (P, ).

P, is the maximum output which can be pro-
duced for a driver working within its linear oper-
ating range, without appreciable levels of distor-
tion. You can determine the linear operating
range of voice coil outside (overbangs) the mag-
netic circuit {gap) (Fig. 1.7}. To calculate this

TABLE 1.13
Free Air Mo

Brand Name % SPL
Altec 411-8A 1.44 S4dB
KEF B-139 0.62 90dB
Polydax HD-20 B 25 0.42 88dB
Focal 8N401 0.48 89dB
Focal 10C02 0.62 90dB

VOICE COIL
HEIGHT

X uax

JWWMA

AN 7

length, designated X .. sublract the inagnct gap
height from the total voice coil length, and then
divide by two. Setting maximum linear excursion
t0 X, + 16% is rather conservative, and a some-
what greater excursion, and hence higher cutput
levels, can be allowed if you consider such factors
as the relative ingensitivity of the human ear to
low frequency distortion.!?

P can be calculated in terms of RMS sine wave
power by:

Par(cw) = Kp ffﬂ4 Vd2

K, is a power raung constant which varies with

box Q...

Table 1.14 gives valucs of K for different val-
ues of Q.

V, is the volume of air displaced by the cone
traveling through its inaximum excursion limits,
and is expressed in cubic meters. Thus, V, = S,
X X, . Sy the effective radiation area of the dri-
ver cone, s listed for different diameter cones
in Table 1.15. 5, 1s calculated by:

31416 x D2
4

Sa

Where D Is the diameter of the cone plus one-
third of the surround at both ends of the mea-
surement.

P e 18 included in this discussion because it
gives a relative comparison of output for various
values of (.. This coincides with the fact that
maximum power handling occurs at Q. = 1.1
and then decreases with decreasing values of Q, .
The frequency at which X, occurs, however, is
below {; for all Qs lower than 1.1. Since most of
the program material is above f,, 1t Is practical to

TABLE 1.14

Qu K,
0.500 0.06
0.577 0.15
0.707 0.39
0.800 0.57
0.900 0.75
1.000 0.84
1,100 0.85
1.200 0.84
1.500 0.71

CLOSED BOX
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FIGURE 1.7: Voice coil "over-

hang.”
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TABLE 1.15

Advertised Dia. ("} Sa M?
5 0.0089
7 0.0158
8 0.0215
10 0.0330
12 0.0450
15 0.0855

take P, at the maximum value. Therefore, P, .,
in watts, for program material equals:

P, =0.85 V2

w(p)
and

SPL IW 1M = 112+ 10Log), P,

1.63 ELECTRICAL INPUT MAXIMUM (P ).
P, is the input power required to produce P, .
P,. is determined by:

P:r - par(cw)
Mo

where:
P, in watts
P in watts
Mo @ a decimal

You can compare P, with the thermal limited
power-handling capacity given by the manufac-
wrer. Caution is advised if the thermal rating of
the driver is less than P,

1.70 EXAMPLE DESIGN CHARTS.

Tables 1.16 and 1.17 give examples of two drivers
suitable for closed-box construction. Remember
that, when calculating total box size, it is impor-
tant o over-volume the enclosure to compensate
for anything which will detract from its target vol-
ume. This includes:

¢ midrange cavities

* woofer basket and magnet structures

o fibrous damping material (about 10% of mea-
sure voluime)

s crossover

¢ solid damping material—braces, felt and so on.

Last, always be sure to include all series resis-
tances in the calculation of Q {Chapter 8).
Examples of closed-box construction azticles can
be found in Speaker Builder: “A Ceramic Speaker
Enclosure,” by David Weems, 6/88, p. 37, "A
Stnall Two-Way System,” by Fred Thompson,
2/90, p. 24; and “A Modular Three-Way Active
Loudspeaker,” by Fernando Ricart, 4/90, p. 36.

L.71 MINIMUM CUT-OFF FREQUENCY.
The popular notion persists that cutoff frequency
for sealed enclosures decreases with increasing box
volume. This is tue, however, only for {3 greater
than, or equal to 0.707. For values of (J,. less than
0.707, increasing volume causes an increase in cut-
off frequency.t 1t is obvious that the uadeoffs for
the use of one of the so<alled overdamped align-
ments will be a less than optimal £, Table 118 illus-
mates the ratio of £,/f, for different box Q) with vari-
ous chiver €,

In all cases, f,/F increases for values of Q.
lower than 0.707. Looking at the design in Tables

TABLE 1.16

8" WOOFER EXAMPLE
Qu Qe Qms £ Kimax Sd':mzl Vd[mJ} Vas
0.45 0.53 3.0 31.5 35mm  2.15x10°% 7.525x107° 2.97f
Qlc Vs f3 fe Partews SPL Par(p] SPL Mo SPL P

fi! Hz Hz watts (dB] walts (dB] % (dB] walts

0.5 1270 54 35 0.0033 87 0.041 98 047 89 0.70
0.7 202 50 50 0.0t4 94 0.028 97 047 89 2.98
0.8 138 50 56 0.020 95 0.03 97 047 89 4.26
0.9 099 52 63 0.032 97 0.035 98 047 89 6.8]
1.0 075 55 70 0.044 98 0.044 98 047 89 9.76
TABLE 1.17

10 WOOFER EXAMPLE
le ch Qms f, Kinax Sd(mz:' Vd(mA} Vas
0.446 0.51 3.63 272  525mm 3.40x 107! 1.79x 107" 5.79f
0. Vi {3 . Patows SPL Party SPL Mo SPL P

f* Hz Hz waltts (dB) watts [dB} % (dB) watls

0.5 24.80 54 35 0.016 94 0.23 106 062 90 258
0.7 4.10 43 43 0.038 98 0.09 102 062 90 6.13
0.8 2.60 44 49 0.067 100 0.10 102 062 90 10.81
0.9 1.88 46 55 0.103 102 0.12 103 0.62 90 16.61
1.0 147 48 60 0.139 103 0.13 104 062 90 22.42




1.16 and 117, as would be expected, both drivers
show an increase in cut-off frequency, f;, for
increasing box volume past Q. = 0.707.

1.72 DYNAMIC CHANGES IN

FREQUENCY RESPONSE.
Although calculated large signal parameters
such as P and P, give you some idea of a dri-
vet’s excursion potential, these numbers do not
adequately describe dynamic changes which
occur in a loudspeaker as input power and oper-
aling temperature increase. When the
Thiele/Small calculation methods are applied
to design a loudspeaker enclosure, sealed or
vented, the speaker will exhibit the predicted
response only at a small signal level. The loud-
speaker can be expected to perform in accor-
dance with the design tables and formula calcu-
Jations at 1W power input, but bevond that, as
power increases and voice ¢oil temperature
increases the characteristics of the driver/box
combination will undergo constant dynamic
change.

Loudspeakers generafly operate over a ther-
mal range thal extends from room tempera-
ture, about 25°C, o somewhere in the vicinity
of 250°C, where adhesives begin to break down
and failure occurs. Driver power ratings should
somehow correlate the rating with the level
where the driver will be closely approaching
thermal failure. If a speaker is rated at 200W, it
should be able to maintain a ternperature some-
what below 250°C over a period of time. As a
function of input power, dividing the maxi-
mum temperature, 250°C, by the speaker
power rating gives a rough estimate of the tem-
perature increase per watl of power increase
(providing the manufacturer has somehow
related the power rating to thermal failure,
which is not always the case). A driver rated
150W, for instance, would increase its tempera-
ture about 1.667°C for each additional watt of
power used to drive the speaker.

Changes in damping are also reflected in
changes in cone excursion, fig. 1.9, group
delay, Fig. 1. 10, impedance, fig. .11, and trans-
ducer cene velocity, Fig. 1.12. The cone excur-
sion and group delay curves look reminiscent
of those in Ffigs. 1.3 and 1.4 for different Qs
and box volumes. Notice, however, that the
ipedance peak at f, remains at about the same
frequency and width, although the overall
impedance level 15 constantly increasing with
ternperature. The peak in cone velocity also
remains at the same frequency, and does not
change with increasing input power.

When using hand-calcufator metheds to
design, il is not possible to anticipate these
dynamic deviations. The best advice is to err on
the side of lower () when other factors allow. As a
perspective, several successful commercial
designs have smail signat Qs as low as (.5.

1.80 ENCLOSURE FILLING.

All the above box volume calculations were
based on an unfilled enclosure or, at most, an
enclosure with no more than a 1” lining of

TABLE 1.18
faff, (Quc vs. Q4

As volce coll ternperatures increase, voice Qs
coil resistance increases, and the overall 0.20 030 0.40 050
damping of the driver decreases. The effect is 15 1 52 3.5 2.6 2.1
illustrated in Fig. 1.§. This computer simula- 1.2 4.4 29 2.2 L8
tion shows the different SPL curves for a L1 4.2 28 2.1 1.7
box/driver combination with a calcutated Q,_ 1.0 3.9 2.6 2.0 1.6
={.7 at five increasing power levels starting at Qe 09 | 37 2.5 1.9 1.5
1W (1, 5, 10, 20, anc 40W). The results are 08 | 36 2.4 1.8 1.4
summarized in Table 1.19. 0.71 1 35 2.4 1.8 1.4
The increasing phase angle (at -3dB) and 058 | 3.7 2.5 1.9 2.0
slope indicates a decrease in overall damping 0.50 3.9 2.6 2.0 -
and is expressed by the equivalent Q. number.
TABLE 1.19
DYNAMIC CHANGES IN DRIVER RESPONSE AT MULTIPLE POWER LEVELS
-3dB Phase Slope Equiv. fy
v Power Temp. Angle dBloct. Qe Hz
2.83 1 29.2° 90° 10.60 0.7 35
6.35 5 46° 93° 10.87 0.8 34
8.95 10 66.7° 95° 11.18 0.85 34
12.68 20 108.7° 10g° 11.74 1.0 32
17.89 40 191.7° 106° 12.71 1.2 31
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fiberglass to damp standing waves. This is as it
should be, since a properly designed enclosure
will be able to attain its design goal without any
additional manipulation. In the real world, how-
ever, the “art” of box stuffing can be an invaju-
able tool to alter box response in order to
achieve certain parameters ol size and Q) that
can’L be had any other way.

Beside the obvious advantage ol increased
suppression of the internal reflections that can
produce strong colorations in the sound quali-
ty," stuffing a hox has the following effects on
box paramnelers:

A. Compliance Increase. Use of low density, high
specific heat material (fiberglass, Dacron and
long fiber wool) will cause an increase in the
acoustic compliance of the enclosure {C,, ). This
is equivalent to increasing the box size and can
amount to as much as a theoretical 40%.
Practical equivalent volume increases of 15%-
25% are quite attainable.

B. Efficiency Increase. Proper selection of the
amount, type of material, and the localion of
the material within the enclosure can cause an
increase in efficiency by as much as 15%.

C. Mass Changes. Filling material has the poten-
tial of changing the total moving mass of the
systern. This phenomenon is generally thought
to he related to the restriction of air flow
directly behind the driver. The increase in
effective mass will cause a decrease in efficien-
¢y, but not as great as the increase in efficiency
caused by compliance changes. Since a
decrease in efficiency is undesirable, there are
two techniques which will limit these effects.
One, used in the Advent loudspeaker, is to use
a brace directly behind the woofer to keep
damping material (in this case, foam) away
from the rear of the driver. The second is to
use a non-compressed, low density material in
the area immediately behind the driver basket
as a sort of buffer between the higher density
material and the driver.1®

D. Damping Losses. If you pack [illing materi-
al refatively densely, and close to the rear of
the driver basket, frictional losses can be sub-
stantial.

The quantity of fill inaterial required to
change the pneumatic action of the enclosure
from adiabatic to isothermic (which is what the
above criteria describe) has been suggested by
several authors,"™™™ but not really well-defined
for the specific use of the most commonly used
fili material, fiberglass. However, the effects of
fibergtass damping material can be easily
observed by computer simulation.

This simulation was set up using the parame-
ters of the same 10” speaker used in previous
stimulations. A somewhat small box volume,
1.75f%, was selected since it has a sufficiently
high Q,_ and renders the influence ol the fifl
malerial readily observable. The simulation was
then programmmed to calculate the response of
the 1.75{t* box with various amounts of fiber-
glass fill material. The amounts, shown in Table
1.20, were of standard 1 tb/ft* R19 household
type fiberglass. The density of this type of
material is soinewhat hard to caleulate since it
expands and compresses depending on how it
is handled. The | Ib/ft* measurement was
made with the material unrolled and remnoved
from its paper backing with a thickness of
roughly 3”. The table shows the changes in f,
and the phase angle for different fill percent
ages. Figure 1.13 shows the changes in magni-
tude response and fig. 114 depicts the changes
in the box impedance. As can be seen, a
decrease in the {, rolloff frequency is accompa-
nied by a decrease in Q.. The amount of




TABLE 1.20

S Fill
0
50
100

f;
39.94
38.31
37.37

Phase
98.92°
96.42°
93.38°

Qi
1.19
0.89
0.73

change will not be exactly the same for every
speaker and will depend soinewhat on the com-
pliance ratio of the box and driver.

1.81 DESIGN ROUTINE FOR
ENCLOSURE FILLING.

The best way to determine the effects of stuffing
on a particular project are w add material to the
enclosure and then measure the changes in Q) at
the terninals. Use the same procedure outlined
for determining free-air © as described in Chapter
8, Loudspeaker Testing. Small and Margolis®
offered a hand-calculation method of approximat-
ing the effects of 100% fill of low-to-medinm-den-
sity fiberglass material prior to building the enclo-
sure. Routine 1 gives the approximation for the
change in Q) keeping the volume constant, while
Routine 2 gives the change in volume keeping Q,
constant.

Routine 1-New Q if box size remains the
same;

Example
Equations (107 driver
from Table 1.17)
V= 1.2V, V., =492
Vas
o= o =1.177
Vab
L =J—a | L=1.47%
Q= LY, Q.= 0.658
-1
Q{c:(Ql:fZ) Q1c=058
Ic

Routine 2—New box volume, V, il () _remains the
same:

Equations Example
{10” driver
from Table 1.17)
1 -1
Q.=(=~-2)  Q/=10%8
Qu’
L= L =246
Q [$1
=171 0.=5.056
V= Ve, V., =1.145
x
Va
v, = V, = 0.95ft°

1.82 EMPIRICAL COMPARISON OF
BOX STUFFING MATERIALS.

The calculator method described above can give
vout a rough idea of Q) or box size tradeoffs, but
the end result can vary considerably. Not only can
the measured f; and Q, change depending upon
density and distribution within the enclosure, but
a namber of materials other than fiberglass, such
as Dacron and acoustic foam, as well as combina-
tions of these materials, can be used Lo effect
changes in box responses.

Over the years, amateurs and professionals
have used a wide variety of fill materials to
alter box response. These are accompanied by
an equally wide variety of claims as to the best
chaoice in terms of subjective performance.
Since compwer siinulation and hand-calculator
routines are limited to standard types of fiber-
glass, the following information can be used as
a guideline when attempting to determine the
effects of these different combinations of
materials.

The test methods were fairly straightforward,
although the results are subject to interpreta-
tion. Six materials were used, Dacron. Acousta-
Stuf® (a Dacron-like material with erimped
fibers purportedly giving the product the same
sonic qualities as long fiber wool—available
from Mahogany Sound), 1 Ib/f® density fiber
glass (standard household type R19), 2 Ib/fi?
fiberglass, 4 Ib/fi* fiberglass, and acoustic foam
{the acoustic foam was the type supplied by
Audio Concepts, but is oltherwise similar to a
number of other “egg crate” style {oamns on the
market}. These materials were tesied with 50%
fill (lining the box) and 100% fill in the test
enclosure. Six other 50/50 combinations were
tested (the first material listed was used to line
the box, the second to fill it the rest of the way

frequensy 1) ) 08

Do 11004
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COMPARISON OF BOX STUFFING MATERIALS
Zo fo Qm Qe Qe f3
Empty Box 38.96 84.54 7.74 1.45 1.22 61.91
50%
Fill Dacron 34.46 83.21 6.51 141 1.16 61.86
Acousta-Stuf 33.53 82.08 6.23 1.40 1.14 61.36
1b/ft? Fiberglass 27.77 79.51 4.93 1.40 1.09 60.37
2Ibift? Fiberglass 30.27 78.75 5.42 1.39 1.10 59.59
alb/ft? Fiberglass 31.52 82.06 5.78 1.40 1.13 61.52
Acoustic Foam 33.44 80.23 6.19 1.40 1.14 59.98
100%
Fill Dacron 29.77 81.77 5.39 1.40 1.11 61.68
Acousta-Stuf 23.82 80.09 3.97 1.38 1.02 62.42
Lb/ft3 Fiberglass 19.87 76.79 3.20 1.44 0.99 60.64
2Ib/ft® Fiberglass 15.80 79.37 2.27 1.44 0.88 66.71
4]b/ft? Fiberglass 16.71 78.66 2.37 142 0.89 65.67
Acouslic Foam 17.35 75.91 2.44 1.35 0.87 64.26
50/50 Combinations
2Ib/1lb Fiberglass 14.78 78.12 1.80 1.28 0.75 73.91
2lb FG/Acousta-Stuf 20.97 7717 322 1.35 0.95 62.17
14.67 75.86 1.79 1.29 0.75 71.76
4lb FG/Acousta-Stuf 21.96 79.11 3.49 1.33 0.96 63.40
Foam/1lb Fiberglass 18.11 73.55 2.58 1.33 0.88 61.83
Foam/Acousta-Stuf 24.28 76.91 4.04 1.37 1.02 59.94
to 100%): 2 1b/1 b fiberglass, 2 Ib/Acousta-  Precision System 1 analyzer. The System 1 was
Stuf, 4 1b/1 Ib fiberglass, 4 [b/Acousta-Stuf, set up for the voliage divider impedance of the
AC foam/1 Ib fiberglass, and AC foam/ analyzer's generator set at 6002 o provide the
Acousta-Stuf. series resistance. The computer ASCII dara
The material was placed in a 0.956® stan-  files were then imported into LEAP 4.0 and
dard rectangular test enclosure, constructed converted to true impedance readings {imped-
from 0.75” particle board. The box was air  ance calculated with a large series resistance is
tight and employed a closed cell foam gasket  similay, but not exactly the same as the driver
for the 8" driver. Each malerial, quantity and impedance function). The data was then
combination were sequentially placed in the loaded into the LEAP automated Speaker
enclosure and two measurements performed  Parameter Measurement module and the box
on each category. Q,. parameters calculated.
The first measurement was a swept sine The second measurement pevformed was a
wave impedance curve made using an Audio  near-field frequency response using the DRA
FIGURE 1.15A FIGURE 1.15B
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Labs MLSSA FFT analyzer and an ACO Pacific
7012 precision measurement microphone. The
MISSA was set up for a 2048 point acquisition
Jength and a 20kHz bandwidth. A 2048 point
FFT was performed on the impulse response
and the results printed. The data was exported
from the MLSSA software and imported back

CLOSED BOX

into LEAP 4.0 to obtain PostScript printouts. The
LF SYSTEMS

response of the driver with each category of fill
material was displayed along with the response
of the driver in the enclosure with no fill materi-
al for comparison.

The results of this series ol tests, shown in
Table 1.21, summarize the measurements. The

FIGURE 1.16A FIGURE 1.16B
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table is grouped into three sections, 50% fill,

only slightly higher f, frequencies. The

DESIGN 100% fill, and 100% fill of 50/50 combina- foam/fiberglass combination also looks attrac
COOKBOOK tions. The height of the impedance peak, Z, tive with reasonable damping and a lower —3dB
changed from 38.96Q) with an empty enclosure  point.
to a low of 14.67Q for the 4 1b/1 Ib fiberglass The graph pairs in Figs. 1.15-1.33 illustrate
combination. The box resonance frequency, f,, both the impedance curve and the associated
ranged from 84.54Hz in the empty enclosure to  near field (about 6” from the dust cap) frequen-
75.16Hz, with the 4 Ib/1 lb combination. cy response for the various combinations listed
Mechanical Q, Q.. exhibited wide variation, in Table 1.21. The impedance graphs in Figs.
from 7.74 for the empty box, to 1.79, again  1.24-/.28, 1.30, and 1.32 have been scaled to
with the 4 1b/1 Ib combination. Electrical Q, 200 to make them easier to read. All other
Q.. for the most part remained unchanged for impedance plots are scaled to 408. The solid
the homogeneous 50% and 100% fill tests, but  line in the MLSSA frequency response result is
did show some variation with the different the curve of the material, while the dotted line
combinations of materials. Q, changed from represents the curve of the box with no fill
1.22 with no swffing to a low of 0.75 for both  naterial.
the fiberglass 50/50 combinations. The 3dB The response changes due to different fill
down point, f,, is dependent on both Q. and percentages are interesting, For the 50% fill
the box resonance, f, and seems independent  group, Dacron didn’t seem to do very much in
of the other trends. the way of box mode suppression. In order to
It would appear that the old standby of 100%  have more of an effect, this material would have
fill of standard R19 fiberglass is still a reason- 10 be packed with a greater density. Comparing
able choice for moderate damping and a low f,.  the 50% fill group to the 100% fill group, clear
Flowever several of the other materials deserve ly the increased amount of material improved
serious consideration. Both of the fiberglass the suppression of box modes. The 50/50%
50/50 combinations yielded low Q) values, with  group perforined in a similar fashion to the
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other 100% fill group. Using 100% fill to sup- advantages over single woofer designs. The CLOSED BOX

press internal box modes is just as important  three basic configurations are: standard, LF SYSTEMS
as changing f; and Q, . push/pull, and compound.
1.90 MULTIPLE WOOFER FORMATS. 1.91 STANDARD CONFIGURATION.

Using two or more woofers in a low-frequency This is defined as two or more identical
cabinet can give you a number of different  woofers having the same enclosure and mount-
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ed as close together as possible. For a two  be twice that of a single driver.
woofer situation the following applies: D. Combined impedance will be half of a sin-
gle unit when connected in parallel, and twice
A. F, driver resonance for two drivers will be  the value of a single unit when connected in
the same as that of a single driver. series.
B. Q, will be the same as that for a single driver. E. Sensitivity will increase +3dB for a parallel
C. V_ (and the associated box volume, V,) will  connection and -3dB for a series connection
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compared (o a single driver.

E Cone excursion will be half that of a single
wooler enclosure.

Using four identical woofers in a series paral-
Jel configuration will also have 6dB efficiency
gain over the single woofer, the same gain as
the two-woofer combination. Doubling the

cone area over the two-woofer design adds 3dB
of acoustic efficiency, but putting two parallel
sets of woofers in series decreases gain by -
3dB, for a net change of zero when compared
to the output of the two woofer box.

Figure 1.34 depicts the 1W SPL compari-
son of the computer simulation for single-

CLOSED BOX
LF SYSTEMS
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woofer, two-woofer, and four-woofer box
designs. Notice the changes in the midband
response of the four-driver combination over
the two-driver one. When multiple drivers
are closely grouped together, changes in the
comnbined radiation impedance can cause
substantial midhane deviation. As expected,
the gain for the two- and four-woofer designs
is 6dBB greater than the single driver. Looking
at cone excursion and group delay curves in
Fig. 1.35, the excursion of the two- and one-
driver designs are approximately double that
of the fourwwoofer design for the same drive
voltage, while the group delay is identical for
all three designs. The impedance curves in
fig. 1.36 show the two- woofer box with half
the impedance of one speaker. The single-
and four-woofer boxes have similar imped-
ance curves, except the impedance peak is
lower for the four-woofer box, resulting from
the difference in multiple driver radiation
impedance. The advantage of multiple driver
combinattons is more obvious at higher
power levels. Figure 1.37 illustrates the SPL
comparison for the same three box designs,
one, two, and four drivers, but this rime all

are at the same 100dB level. The voltage
input to get this SPL is 12.68V for a single
driver and 6.35V for the two- and four-driver
combinations, The overalli midband level of
the single woofer has now dropped by about
1.5dB and the rolloff slope is somewhat
steeper, indicating damnping changes caused
by increased resistance due to voice coil heat-
ing. The -3dB phase angle for all three
designs was 90° at the 2.85V 1W level, but
the single driver has now changed to 100°
(an equivalent Q of 1.0), the two-driver box
to 93°, and no change in the four-driver
phase angle (still 90°). Looking at the group
delay curves in Fig. /.38, the shape of the
curve is about the same for the two- and four-
driver combinations, while the “knee” of the
single-driver design is clearly sharper. Cone
excursion curves are as expected. Excursion
for the two-woofer design is balf that of the
single driver, and excursion for the four-
woofer design is half that of the two-wooler
design. The impedance curve in Fig. /.39
shows the voice coil heating in the single dri-
ver has caused an increase in resistance of
about 1.7 across the bandwidth.
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1,92 PUSH/PULL CONFIGURATION.

This occurs if the two drivers are mounted on the
pox either back-to-back or front-to-front, and then
driven elecurically out of phase (Fig. 1.40). This
type of setup will cause odd-crder nonlinearities
to cancel and result in substantially reduced driver
distortion. All of the abovelisted chavacteristics
(A-E) apply to push/pull driver arrangements. In
addition, the push/pull woofer arrangement can
be used with vented, passive radiator systeins, as
well as with seated boxes. Two construction arti-
cles which used this configuration appeared in
Speaker Builder: “Tenth Row Center,” by H.
Hirsch, 2/84, p. 11; and “The Curvilinear
Vertical Array,” by S. Ellis, 2/85, p. 7.

1.93 COMPOUND WQOFER SYSTEMS.
This design was first described by Olson in the
early 1950s. The compound or Isobarik {con-
stant pressure) system has several spectacular
advantages over the other dual-woofer configu-
rations. For the type of physical and electrical
setup shown in Fig. .41, the following will
apply.®

A. Q, wilt be the same as a single driver.

B. F, will be the same as a single driver.

C. V_, (and the associated box volume V) will
be half that ol a single driver.

D. Impedance will be half that of a single di-
ver (assuming a parallel connection).

E. When configured in push/puli, the setup
will have all the advantages listed in Section 1.92.

I. Sensitivity of the compound pair will be
the same as that of a single driver (sensitivity
will go up 3dB due to the 4Q load, bur will
decrease by 3dB due to the doubling cone
Inass).

The major advantage of a consraut pressure
format is an enclosure volume that is half that
ol a single driver, making iL an ideal choice for
subwoofer applications.

The following construction details should be
observed:

A, Your box size should be calculated as a
closed-box systemn, using the single driver (3,
and vV /2,

B. Construct the short tunnet depicted in Fig.
L4151 1t can be made square, out of lumber, or
cylindrical, made frem Sonotube (cardhoard
tubing used to build concrete pillars). Its length

CLOSED BCX,
LF SYSTEMS
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1s not critical, but make sure the rear woofer
cone never contacts the magnet structure of
the front woofer. The tunnel should be airtight
and, except for some sort of acoustical
absorbent {such as fell) on the tunnel walls,
should not contain damping material,

Again, you'll find two interesting construc-
tion articles printed in Specker Builder:
“Constructing a Sontek Subwoofer,” by P. Todd,
2/85, p. 20; and “The Wonder of Symmetrical
Isobarik,” by Bill Schwefel, 5/90, p. 10.

1.100 ELECTRONICALLY ASSISTED
CLOSED-BOX SYSTEMS.
A method sometimes suggested for altering the
low end response of a closed-box system
involves the use of some sort of active filter
boost. Three published papers by Leach,?! 22
Staggs, ¥ and Creiner and Schoessow?! describe
different approaches to either lowering the cut-
off [requency or enhancing the transient
response of a loudspeaker. Table .22 summa-
rizes the paraneters for the three filters.
[Nustrating the problems created by boost-
ing the low end output ol a closed-box speaker
can be accomplished using computer simula-
tion. The comnputer simulation in this example
duplicates the method described by Marshall
Leach in his June 1981 JAES article, “Active
Equalization of Closed Box Loudspeaker
Systems.” The hox/driver combination bad a
Q, of 0.7 with an {; of 35Hz The boost filter
comprised a fourth-order response with about
8dB of gain at 24Hz. The wansfer function of
the filter is shown in Fig. 1.42. Figure 1.43 gives
the SPL comparison of the design with and
without the filier ata 1W level. The closed box
with the boost filter now has an {, of 24Hz,
11Hz lower than the unfiltercd loudspeaker,
but with a high order rotloff of 38.5dB/octave.
This appears on the surface like a good choice
unmil the cone excursion and group delay
curves in Frg. 144 are examined. Excursion
(the lower set of curves) has more than dou-
bled, while the damping change looks fairly
radical with a very sharp “knee” in the group
delay curve. The real story is told at a 20W
power level, however. Although the SPL com-
parison in fig. 1.45 reveals only the changes
expected at a higher power level, the cone
excursion and group delay curves of the boost-
ed design shown in Fig. 146 are totatly unac-
ceptable. Excursion has increased to necarly
19rmm, which is difficult since the driver has
an X ol only 7mim. While it can be argued

max

that the peak is confined to a fairly narrow

TABLE 1.22
ACTIVE EQ FOR CLOSED BOXES

Qi new Q.  Boost  Result
A. B;—0.707 B,—0.707 8dB 1 octave
B. C—1.1 D3;—0577 5dB  imp trans.
C. B;—0.707 B:—0.707 10dB 1 octave




% Lsan at a frequency which has little program

}haterial, you could expect the cannon shots
" on the 1812 or some Jow synthesizer notes to
send the voice coil completely out of the gap
and likely crashing into the front plate on its
return path causing catastrophic failure.

[ have made no attempt to duplicate the
design methodology presented for these filter
systems. They are mentioned, however, as a
possible alternative to previously discussed sys-
tems. The major drawback of the filters
described above is the substantial increase in
amplifier power required at lower frequencies.
Such techniques for altering response, when
used in conjunction with wide dynamic range
sources such as CD players, become even
more undesirable. If you want a lower cut-off
frequency or improved transients, probably
your best solution is to select an appropriate
unassisted design in the first place.

1.200 MASS LOADING TECHNIQUES.
Modifying speakers by adding mass is an old
technique which has been employed for years in
the loudspeaker industry. This section describes
two tnass loaded configurations, simple mass
loading and mass toading used to create a pas-
sively assisted speaker.

1.210 SIMPLE MASS LOADING
MODIFICATIONS.
Adding mass to a speaker cone causes several of
the operational parameters to change. Table
1.23 summarizes the parameter madification in
a 10” woofer caused by increasing cone mass by
75%. Data is given for both woofer and enclo-
sure operating parameter changes.

From the data in Table 123, it is apparent that
as mass increases, (), goes up, f goes down, and
driver efficiency goes down. Likewise, as mass is
added, the box ) increases as does the -3dB
phase angle, and the f; and SPL go down. Figuse
147 llustrates the simulated SPL comparison of
the woofer in the enclosure with and without the
added mass. The cone excursion and group
delay curves in Fig. 148 confirm the decrease in
damping, while the impedance curves in Fig. .49
depict the lower f, and the higher () of the mass
added combination. This tradeoff set seems rair-
ly reasonable, even looking at the cffects of
increasing power to the 20W level. Figure [.50
shows the expected changes in SPL, but the
increase in cone excursion shown in Fig. [5]
could be excessive. This particular driver has an
Xoae OF 7mm. Figuring that thixd harmonic dis-
tortion increases to 3% at X +15%, or 8inm,
the unchanged driver/box combination is still
operating appropriately. The mass-loaded ver-
sion is at about 9.5mm, which, though not really
excessive, is starting 10 show more stress. A goo
solution would be to use two mass-loaded
waoofers instead of one, which would Jower Q and
excursion at higher operating levels and increase
efficiency to an acceptable Jevel. One caution,
however: the additional mass can be sufficient to

Graph 18 Transducor bapedance. Magnatude; Fhase
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FIGURE 1.39
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FIGURE 1.40: Push/pul!
woofer mounting.

I+

FIGURE 1.41: Compound woofer mounting.

cause cones (o sag over ome. Ii the sag is exces-
sive, it can lead to inisaligned veice coils and
cause premature driver failure.

1.220 PASSIVELY ASSISTED

MASS-LOADED SPEAKERS.
Passively assisted speakers do not necessarily
require mass loading, bul since that is one
method of achieving the necessary paramneters
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FIGURE 1.42

FIGURE 1.43

FIGURE 1.44

FIGURE 1.45
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for the methodology being described in this
section, it is included as a type of mass loading
technique. Passively assisted speakers grew out
of the original Thiele work with fifth-order pas-

TABLE 1.23
Qu AND Q. CHANGES WITH ADDED MASS
Driver Box
f; SPL fy SPL
Mmd. Qns Qn Qi Hz dB Q. Hz dB
47g 28 05 043 225 87 07 35 87.9

80g 367 065 055 175827 (.0 25 849

sively assisted vented alignments. Benson® and
Von Recklinghausen? first introduced the idea
of extending the low end response of sealed
enclosures by combining the transfer function
of the box/driver combination with a passive
high-pass filter, This was [ollowed by Geddes’
and Clark’s presentation at the 79th AES
Convention in 1985.27 They suggested that such
designs would be appealing for configurations
where active equalization was not practical,
such as with satellite speakers used with sub-
woofers. It was also suggested thal car audio
applications would also likely be desirable
because of the limited amplifier voltage avail-
able for active EQ) (since active EQ) plays a big
role in car audio, the latter seems invalid).
Bringing it into the practical world of real life
speaker building, Tom Nousaine described an
imeresting application in Speaker Builder 1989.%

The basic criterion for this type of passively
assisted design requires that the wooler have a
Q,, between 7 and 10. The design described in
Geddes' and Clark's paper used a JBL 128H
12” woofer which has a high Q,, because it used |
a nonconductive voice coil former. Since most
home hi-fi drivers use conductive formers and
have 3, . numbers in the vicinity of 3 to 5, the
added mass is used to boost the (Q_ 1o an
acceptable Jevel.

To use this methodology, select a woofer with
a fairly high Q_ value of about 4.5 and add
enough mass to increase the mechanical ¢} to
about 7 or 8. The 127 woofer used in the
Nousaine article required increasing the mass
by 80% (about the same as the previous mass
loaded example). The unassisted box Q. should
be set to about 1.1. As with the previous exam-
ple, using a two driver combination will be
more satisfactory in terms of excutsion and
efficiency.

The series high-pass filter is a single capacitor.
The value of the capacitor is caleulated by:

0.234
Re % f.

C =

Table .24 gives the driver and box values for
the same driver, added mass and box dimensions
used in Tormn Nousaine’s SB article (using a
Precision TAS05F 12" woofer).

The capacitor required for this design was cal-
culated to be about 1,750UF, which could be had
from a single large motor starting capacitor or
several paralleled nonpolar electrolytics.

The computer I'W SPL simulation for the
driver in the enclosure without added mass,




with added mass, and with both mass and the
filter is depicted in Fig. 1.52. The assisted
design lowers the f; by 10Hz from the mass
only design. The response now, however,
resembles a very sharp “knee” fourth-order
vented response. This is confirmed by the
group delay and cone excursion curves in Fig.
1.53. The shape of the group delay curve is
very much like a poorly damped vented enclo-
sure, but that is the tradeoft for the good low
end extension. Cone excursion has also
increased with the addition of the filter.

Looking at the impedance curves in Fig. .54,

the series high-pass filter does not alter the dri-
ver/box impedance.
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Increasing the power input to 20W yields the
SPL graphs in Fig. 1.55. The changes are what
would be expected for an increase in voltage
drive, and are within acceptable limits because
of the multiple driver configuration. The
group delay and cone excursion curves in Fig.
1.56 also veflect the change in damping with
power increase. The excursion requirements of
the passively assisted design are reasonable at
7mm considering the X +15% is 6.9mm for
this driver. About the only drawback is the
poor group delay response which accompanies
the fourth-order response shape and the possi-
bility of voice coil alignment problems caused
by the added mass. The sagging problem could
likely be avoided by occasionally rotating the

Coaph | Acdusiic On Aisx Kesponse

10 Frequency

—— :No Added Mass 2.8V
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drivers 180° in the enclosures.

1.300 SEALED REAR CHAMBER )
BANDPASS ENCLOSURES. )

1.310 DEFINITION.

A sealed rear chamber bandpass enclosure is
basically a closed-box system with the addition of .
an acoustic filter in series with the front radiation

of the driver. Because of the additional filter ele-

ment, the possibilities for tradeoffs on band-  **f

width and efficiency are greater than with a sim- \
ple sealed type enclosure.

1.315 ADDITIONAL TERMS.

i B
10 Fraguaecy 50 100 Hy 300 K

—— :No Added Mass 2.83V
.. tMa3y Loaded Syatam 2,31V

i)

f, = tuning frequency of front chamber vent
f, = £; of low frequency rolloff

f = £ of high (requency rolloff

L, = vent Jength in inches (centimeters)

V= total volume of both chambers

Q,, = Q of bandpass rear chamber 1.320 HISTORY.

R = vent radius in inches {centimeters)

The bandpass enclosure, despite its curvent fad-

S = passband ripple (variation in magnitude like popularity, is not a new design concept. The
response) original patent was filed in 1934 by Andre
V= volume of the front (acoustic filler) chamber — d’Alton®® (patent no. 1,969,704) followed by

V, = volume of the rear chamber

another filed in 1952 by then MIT grad student

TABLE 1.24
PASSIVELY ASSISTED MASS LOADED DESIGN

Mmd. Qe Qes Qs SPL
wio mass  72g 5.8 0.32 0.31 914B
wimass 129¢ 7.6 042 0.40 87dB
plus cap - - - - -

Slope
f Qe dBloct.  SPL Iy
24Hz 0.7 11.03 95dB 54Hz
19Hz 1.1 12.34 90dB 38Hz
- 4th 216 90dB 28Hz

CLOSED BOX
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FIGURE 1.46

FIGURE 1.47

FIGURE 1.48
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FIGURE 1.49

FIGURE 1.50

FIGURE 1.51

FIGURE 1.52
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Henry Lang. Renewed interest probably was fired
by Laurie Finchan’s paper delivered at the 1979
63rd ALS Conventon titled A Bandpass
Loudspeaker Enclosure” (AES preprint no. 1512).
In 1982 two I'rench designers, Augris and

Santens, published a hand-calculator design sys-
tem for sealed rear chamber bandpass speakers in
the French publication L'Audiophile®® Not long
after that, Bose was granted a patent on vented
front and rear chamber bandpass enclosures in
October, 1985 (patent no. 4,549,631}, which wag
later to become the Acoustimass three piece
speaker systein. Earl Geddes kept things going
with his presentation at the 81st AES Convention,
November 1986, titled “Bandpass Loudspeaker
Enclosure” (preprint no. 2383). The paper was
revised and published in the JAES May, 1989. The
real explosion of popularity among amatewrs and
manufacturers probably came, however, after Jean
Margerand republished Augris and Santens
methodology in Speaker Builder 6/88.

1.330 WOOFER SELECTION.

Waofer selection for sealed rear chamber bandpass
enclosures is somewhat the same as for standard
nonfittered closed boxes. With bandpass enclo-
sures, because of the increased wadeoff flexibility,
the ratio of £/0Q), is important, Low ratios, which
mean the higher (s usually employed in closed
box systems, generally yield lower £, rolloffs.

1.340 BOX SIZE DETERMINATION.

The methodology described for box size determi-
nation 1s taken from the SB 6/88 article, but
somewhat simplified. Three design tables are
used for deriving enclosure parameters. Each
table represents a different level of damping, “S,”

which is expressed as ripple within the passband. ’

This ripple factor, S, describes the SPL variation
in the box magnitude response between the two
-3dB frequencies, £, the low frequency rolloft,
and f,,, the high frequency rolloff. Table 1.25 has
8§ = 0.7 which indicates 0 ripple and the best tran-
sient performance. Table 1.26 has S = 0.6 which
allows for 0.35dB ripple (hardly significant) with
somewhat degraded transient performance. Table
1.27 has § = 0.5 which allows for 1.25dB ripple,
and has transient performance somewhat degrad-
ed from S=0.6. “S” is also a general indicator of
overall bandwidih, which is widest at § = 0.5, and
the most narrow at S = 0.7,

The recommended procedure is to start with
Table 1.25, 8 = 0.7, and by trial and error deter-
mine wliether or not the driver selected will pro-
vide the desired f, and f, frequencies at the sen-
sitivity level required. The high and low frequen-
cy rolloff f§ points are found by multiplying the
driver £/Q, ratio by the f; and f; factors from
the tables. This can be done for different levels
of sensitivity, until a satisfactory compromise
between £, /f, frequencies and sensitivity is
determined.

V,, the voluine of the front enclosure, can be
calculated once one of the tables has been select-
ed, as it is independent of all factors, except “S.”
V,is calculated by

V= {28 QP xV

As you scan the tables, be aware that the higher the
Q_bp value, the higher the sensitivity and the nar-

R




TABLE 1.25

§ = 0.7 Ripple = 0dB

Obp f, factor  fn factor  Sensitivity
0.4507 02167 0,9373 -2dR
0.4774 0.2378 0.9584 -7dB
(.5057 0.2606 0.9812 -6dB
0.5356 0.2852 1.0058 ~-5dB
0.5674 0.3118 1.0324 -4dB
0.6010 0.3404 1.0610 -3dB
0.6366 0.3712 1.0918 ~2dB
0.6743 0.4043 1.1248 - 1dB
0.7143 0.4397 1.1603 0dB
0.7566 0.4777 1.1983 1dB
0.8014 0.5184 1.2390 2dB
0.8489 0.5619 1.2825 3dB
0.8772 0.6084 1.3250 4dB
0.9525 0.6581 1.3787 5dB
1.0690 0.7111 1.4317 6dB
1.0687 0.7675 1.4881 7dB
1.1321 0.8277 1.5483 8dB
TABLE 1.26

S = 0.6 Ripple = 0.35dB

Cup fi factor  fu factor Sensitivity
0.5258 0.2326 1.1886 - 8dB
0.5570 0.2560 1.2119 -7dB
0.5900 0.2813 1.2373 -6dB
0.6249 (.3088 1.2648 -5dB
0.6619 0.3385 1.2945 -4dB
0.7012 0.3706 1.3266 -3dB
0.7427 0.4052 1.3612 -2dB
0.7867 0.4425 1.3986 -1dB
0.8333 0.4827 1.4387 0dB
0.8827 0.5258 1.4818 1dB
0.9350 0.5721 1.5281 2dB
0.5904 0.6217 1.5778 3dB
1.0491 0.6749 1.6309 4B
1.1113 0.7317 1.6877 5dB
11771 0.7925 1.7485 6dB
1.2469 0.8573 1.8134 7dB
1.3207 0.9266 1.8826 8dB
TABLE 1.27

S = 0.5 Ripple = 1.25dB

Qv fi factor  {y factor Sensitivity
06310 0.2600 (.5312 -8dB
0.6683 0.2867 1.5579 -7dB
0.7079 0.3158 1.5870 -6dB
0.7499 0.3474 1.6186 -5dB
0.7943 0.3817 1.6528 -4dB
0.8414 0.4189 1.6900 -3dB
0.8913 0.4591 1.7302 -2dB
0.9441 0.5025 1.7736 - 1dB
1.6000 0.5493 1.8204 0dB
1.0593 0.5997 1.8709 IdB
1.1220 0.6540 1.9251 2dB
1.1885 0.7122 1.9833 3dB
1.2589 0.7747 2.0458 44B
1.3335 0.8417 2.1128 5dB
1.4125 0.9134 2.1845 6dB
1.4962 0.9901 2.2612 7dB
1.5849 1.0720 2.3431 8dB

e = T
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rower the bandwidth. Conversely, the lower the
Qy,, vtlue, the lower the sensitivity and the wider
the bandwidth, as you can see in Fig. 1.57.

Next, V, can then be calculated from:

Va

(/. ¢ —
(Qup/Qusl? ~ 1

The vent tuning frequency for the front chamber
filter is found by:

fb = pr I (fs/Q-H)

Once the wning frequency has been deter-
mined, the vent length in inches for V_ in cubic
inches and vent radius R in inches is given by:
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FIGURE 1.54

FIGURE 1.55
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FIGURE 1.56

FIGURE 1.57

FIGURE 1.58

FIGURE 1.59
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For L, in centimeters, with V; in liters, and vent
radius in centimeters use:

_ 9425 x 1(#R?
2V

Ly -1.595R

Vent diameter should be made as large as prac-
tically possible for the depth of the enclosure
to avoid excessive port nonlinearity. Shelf
ports, discussed in Chapter 2, Vented Box Low
Frequency Sysiems, generally will achieve the
maxinmum port cross sectional area possible for
a given enclosure depth. Longer tube vents
require an elbow joint.

1.360 EXAMPLE DESIGN CHARTS
and COMPUTER SIMULATION.

Table 1.28 gives an example of a sealed rear
chamber bandpass design using an 8" woofer.
The data from the design tables was entered
into LEAP 4.0 10 generate a computer simula-
tion. Compared to the calculator design charts,
the modeling in the LEAP program is considet-
ably more sophisticated. LEAP considers non-
finear BL, compliance, and port losses, as well
as a variety of frequency dependent parameters.
The general Thiele/Small model (which is the
basis for all the calculator design charts in this
book) relies upon generalized constants and
cloes not account for the frequency dependent
nature of losses or deal with driver nonlinearity.
However, at a small signal (1W) level the calcu-
Jator methods are usually fairly accurate and
more than reliable enough for design work. The
results shown in Table 1.28 bear this out, since
LEAP’s predictions for f, and [, are within 1Hz
of the predictions from the design tables.

The 1W SPL and phase is depicted in
Fig. 1.58, showing the typical bandpass shape.
The -3dB point is a respectable 42Hz, which is
good compared to the roughly 55Hz -3dB point
this woofer would produce in a 0.7(t% sealed
enclosure. The rolloff slope is about 15dB/
octave on the low end, steep for a second-order
rolloff, and 17.8dB/ octave on the high end of the
response. Much of the literature, however, seems
to imply by omission that bandpass enclosures are
good low-pass filters. This is not true, Figure 1.59
shows the same enclosure from 20-20kHz with
the LEAP port standing wave model turned on.
This simulation was done without any front cham-
ber damping to emphasize the effect. This is a
good approximation of the vesponse anomalics
causcd by the pipe resonances (pipe resonarces
are discussed in detail in Chapler 2) and standing
waves transimitted out the port, but Fig. 1.60
shows the real thing. This is the neasure {requen
cy response of a 10" woofer in a sealed chamber
bandpass enclosure (the front chamber of this
clesign was Jined with 1” fiberglass). The measure-
ment was taken nearield with the DRA MLSSA
FFT analyzer and an ACO Pacific 7012 precision
measurement microphone and the data then
imported into LEAP 4.0. This problem is not triv-
ial and it is difficult w use bandpass enclosures




without additional filtering unless you accept the
upper frequency output.

Several techniques can be employed to mini-
mize the box standing wave modes being trans-
mitted through the port. The first item is to
line all inside walls in the front chamber with
fiberglass or some other damping material.
Stretching a length of material, such as the
pressed cloth type used in automaobiles, across
the inside of the enclosure between the port
and the driver can likewise be effective. Using
an inside panel fastened at an angle between
the port and driver to alter standing wave
modes would also be somewhat effective. Pipe
venis directly over the driver, as in many
designs, are more offensive than shelf ports.
Many designers do not oy to use the enclosure
without a filter and usually resort to an elec-
tronic filter or simple fitst-order filter and a
conjugate circuit {(impedance equalizer), which
will require some vetuning of the pon frequen-
cy. Another method of adding {irst-order high-
pass and low-pass filters to a bandpass enclo-
sure accompanied by box retuning was
described by Joe D’Appolito in a paper he pre-
sented at the 91st AES Convention.®! This
methodology was incorporated into the
TopBox computer software and is readily avail-
able.$233 All of these methods will involve a cer-
tain amount of trial and error.

Frgure 1.61 shows the group delay and cone
excursion. The group delay indicates a damping
picture much like a vented enclosure. Although
the low end rolloff may be second-order like a
closed box, the transient performance is degrad-
ed by comparison. The impedance is given in [g.
1.62 and the cone velocity in Fig. 1.63. The
appearance of both graphs is simjlar to a vented
enclosure with maximum driver acceleration
happening at the resonance frequencies.

Increasing the power input to 20W, the magni-
tude response becomes somewhat peaked al
upper end as secn in Fig. 1.64. Cone excursion,
shown in fig 1.65, goes to about 6.4mm, which is
not bad at this SPL {102dB), since X, + 15% is
6mm. This design’s total box volume is about
1.2£3, which is large for a single 8" speaker.
Bandpass designs can be used with compound
loading to create more coinpact variations.

1.370 BANDPASS ENCLOSURE
VARIATIONS.

There are several possible variations of sealed

rear chamber bancdpass enclosures. The dia-
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grams in Fg. 1.66 depict five different possibili-
ties: A. Single driver bandpass; B. Dual driver
push/pull bandpass; C. Push/pull compound
bandpass; D. Triple chamber bandpass; E.
Push,/pull triple chamber bandpass. The multi-
ple driver configuration B uses the combined
volumes of two drivers. The center chamnber of
the wiple bandpass is equal to the combined

TABLE 1.28
8 Woofer Bandpass Example S = 0.7
Driver

fs Qus Vas (/Q

32 0.328 2.49{12 0.99
Enclosure

Vi Vi fy Qop f. " L D

Calculated 0.53 0.66 71Hz 0.7142 435Hz 115Hz  9.75" 4"
Simulated 0.53 0.66 71Hz 42Hz  114Hz 925" 4
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FIGURE 1.61

FIGURE 1.62
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FIGURE 1.63

FIGURE 1.64

FIGURE 1.65

FIGURE 1.66: Bandpass
enclosures.
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front volumes of each driver and tuned to that
frequency. The drivers in B, G, and D are con-
nected electrically out of phase for either a paral-
lel or series wiring arrangement. A construction
article describing a push/pull triple chamber
bandpass enclesure for car audio is described in
“Symmetrical Loading for Auto Subwoofers” by
Matthew Honnert, Speaker Buzlder 6,/90, p. 20.

1.400 APERIODIC CLOSED-BOX
LOUDSPEAKERS,

The aperiodic speaker design is a variation of the
closed box format, and is more like a special
extension of the damping techniques described
in Section L.82. An aperiodic speaker is a closed
box which uses a device known as a Varlovent,
The Variovent, sold by Scan Speak and
Dynaudio, provides a flow resistant path out of
the enclosure, converting the sealed box into a
resistively leaky closed box. The device mounts in
a 4" diameter hole, resembling a vent, and con-
sists of a plastic holder which sandwiches a 17
thick piece of high density fiberglass material.
The fiberglass provides the resistance leakage
and does not function as a vent. The Variovent
tends to dainp the impedance of a closed box in
the same way as adding 100% of high density fill
material. Both techniques increase the effective
size of the enclosure. The history of the aperiod-
ic design goes back to the 1960s Dynaco A-25
series. The highly successful A-25 was produced
by Scan Speak and used a Variovent.

The application of a Variovent is uncomplicat-
ed. You simply cut a mounting hole in the rear of
the enclosure, and line the enclosure with fiber-
glass, leaving a path from the woofer to the
Variovent, One Variovent is recommended for
enclosures to 50 liters, two for volumes up 1o 80
liters, andl three for volumes over 80 liters.

In order to place the enclosure damping
capabilities of the Variovent in a useful perspec-
tive, a Dynaudio Variovent was measured and
then compared to the danping effects of some
damping materials described in Sectzon 1.82.
The same test procedures, woofer and test box
were assembled using the Audio Precision
System 1 to measure the impedance of the dri-
ver/box combination. Tests were done with the
Varioveut installed in the box without addition-
al fiberglags and with the prescribed amount of
fiberglass (approximately 50% filt).

The System 1 .DAT files were then imported
into LEAP 4.0, converted to true impedance
and graphed and displayed in Fig. 1.67. Three
curves are depicted, the box without fiberglass
or Variovent, the box with Variovent and no
fiberglass, and the box with both Variovent
and tiberglass.

The LEAP Automatic Speaker Parameter
Measuremenl utility was used o calculate box
paramecters. Table 1.29 compares the measured
effects of the Variovent with anel without fiber-
glass along with the data from Toble 121 for 50%
fill of 1 ly/£1? (iberglass (R19) and a 50,/50 blencl
of 4 Ib/t* [iberglass and Acousta-Stuf. The
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TTABLE 1.29

Zg fo
Variovent wio Fibergiass 2574 86.62
Variovent with Fiberglass  20.22 81.65
Ub/ft? Fiberglass 2777 79.51
41b Fiberglass/Acousta-Stuf  21.96 79.11

Om Qe Qe fs

4.53 1.42 1.08 66.00
3.17 1.39 0.96 65.30
4.93 1.40 1.09 60.37
3.49 1.33 0.96 63.40

effects of the Variovent are very nearly the same as
the 50/50 4 Ib/fi* fiberglass/ Acousta-Swf combi-
nation. From this information, it is obvious that
the Variovent would certainly be a viable alterna-
tive to some of the ather swuffing formats. The fre-
quency response was nat measured, since it would
be about the same as that of the 50% [ill R19
example in Section 1.82.
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FOOTNOTES

1. Awedio, Oct. 1954, July 1955, Oct. 1957; also JAES, July
1957.

2. This critevion suggests oplimal operaling parameers.
A closed box is, however, possible with any value OFQ(.

3. The frontto-frout variation is primarily suitable for
subwoofer application with a low-pass crosspoint of 100Hz
or less.

4. Oddly enough this paper focused on the use of pas-
sive vadiators instead of venis. When KEF Linally produced
a bandpass speaker, the KEF 104-2 scrics, Lhe speaker used
vents and not radiators.
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CHAPTER TWO

VENTED-BOX
LOW-FREQUENCY
SYSTEMS

9.10 DEFINITION.

A vented loudspeaker is analogous to a 24dB/
octave cutoff high-pass filter, characterized by
an enclosure having an open tunnel or port
which allows the passage of air in and out of
the box.} At low [requencies, the vent con-
tributes substantially to the sound output of the
system. It does so, however, by increasing the
acoustic load at the rear of the cone, reducing
cone motion and the output of the driver. As
such, a vent only adds as much as it subuacts.
As we will see later, vents also contribute other
extraneous and unwanted sounds.

Compared to closed-box systems, vented
enclosures possess several unique characieristics:

A Lower cone excursion near the box reso-
nance frequency, resulting in relatively higher
power-handling and lower modulation distor-
tion.2 This attribute makes vented enclosures
rather attractive for use in two-way loudspeak-
ers. It is accompanied, however, by high excur-
sion potential at frequencies substantially
below resonance, making the design extremely
sensitive to subsonic noise such as that caused
by record warp. Fortunately, this problem can
be easily overcome with a low frequency filter.

B. Lower cutoff using 1be same driver.

C. In theory, a +3dB higher efficiency for
the same voelume closed-box system. While this
is nol particularly significant in practice, dri-
ver design requirements of lower required
cone mass and less required voice coil over-
hang do contribute significantly to increased
efficiency for a given magnet assembly.

D. On the downside, vented enclosures are
much more sensitive lo misaligned parame-
ters.® This factor makes the vented-box loud-
speakers somewhat more difficult for the inex-
perienced builder.

2.20 HISTORY.
The original patent describing detailed driver
and vent interaction was granted to A. C.
Thuras in 1932, During the 1950s. papers by
Locanthi, Beranek, van Leeuwen, de Boer,
Lyon, and Novak developed in great detail the
mathematical models analogous to high-pass
filter synthesis. Working with a simplified
model devised by Novak, A. N. Thiele pub-
lished his landmark paper in 1961 (reprinted
in the JAES, 1971).% Although Thiele’s work
was the most comprehensive and detailed in
terms of practical realization, 1t did not
include a systematic accounting of box losses.
Nomura’s 1969 paper, “An Analysis of Design

Mr. Pablapa

Conditions of a Bass-Reflex Loudspeaker
Enclosure for Flat Irequency Response,”
described in some detait the effect of box losses
on response deviations. In 1973, Richard Simall
published his series of vented loudspeaker systein
papers in the JAES.! Also noteworthy is Robert
Bullock’s resynthesis of Small’s design graphs
into more accurate and easy to read design
tbles.® At any rate, when we hear the frequently
used words “Thiele/Small” in regard to vented
loudspeakers, it is good to remember that
although the contribution of these two individu-
als is exwemely imporrant to the field, their theo-
ry depended on the wemendous amount of work
by others before them.

2.30 DRIVER “Q” and
ENCLOSURE RESPONSE.

As with closed-box systems, the low frequency
response characteristics of vented designs can
be predicted and controlled by adjusting the
total box-speaker Q. The primary difference is
the manner in which your design is carried out.
With a closed-box, you may choose a value of
Q. (Fig. 1.1), and proceed to derive a box size
which will achieve this response. Vented enclo-
sures, however, are usually discussed in terms
of specific alignments,* which adjust all para-
melers o aclieve a more or less flat response
(Q=1.0) with a particular f;.

In other words, you cannot adjust the para-
meters of a vented system to give response
curves such as Q of 0.7 or 1.5. Variations
which cause increases or decreases jn the bass
region are referred o as “misalignments.” For
instance, changing the Q of the driver by
120% will produce SPL deviations at f; of £2 to
4dB.5 This is not the same as varying the Q,_ of
a sealed enclosure bewween 0.7 and 1.5. Vented
systems have a much steeper cutoff and, if
severely misaligned, tend to be troubled by audi-
ble ransient ringing. In fact, the vented system’s
previously maligned repuiation for being
“boom boxes” undoubtedly was earned by
severely misaligned toudspeakers.

2.40 WOOFER SELECTION.

Compared to woofers which are maximized for
closed-box designs, woofers for vented enclosures
tend to have less cone mass, less voice coll outside
the magnetic gup (because of less excursion
requirements), and lower overall Q) . As with
closed hoxes, they can use alinost any value of
Q. however, only a Q,, between 0.2-0.5 general-
ly provides satisfactory responses. Smail's LRI
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Graph 3 - Transduccr Eccursion {Pea

{Section 1.40) suggests values around 100 will work
well for venied enclosures.

Although losses can play a critical role in
determining hox size and tuning, apparent leak-
age problems {from some types of woolers
should probably be ignored and the offending
drivers dealt with in the manner they were
designed. Porous dust caps do provide a loss
path for air in the box, but are usually installed
by the waofer designer for voice coil cooling
purposes, and sealing thein may well create as
many problems as jt solves. Lossy pleated cloth
surrounds can also provide high leakage losses.
As long as driver parameters and losses are
appropriately measured, however, there is no
reason to avoid this type of product unless the
performance is not adequale.

2.50 ALIGNMENTS.

To determine a box size, start by choosing an
appropriate alignment to satisfy whatever
design criteria or driver tlimitation you nay be

dealing with. “Alignment” is not an especialty
difficult concept to grasp. An alignment is a
classification of a particular box size and tun-
ing combination, producing a realizable {re-
quency response which is more or less useful,
i.e., flat. There are, at this writing, at least 15
well-defined alignment categories.

The two basic types are assisted and unassisted.
Assisted alignments, Ffirst described by Thiele,!
require some degree of active electronic filter
equalization to achieve a defined response (Section
2.110). Unassisted alignments do not require the
electronic equalization to achteve a predicted
response, and are the type most often utilized by
manufacturers.

For unassisted alignments, there are two basic
domains: flat and nonflat. The flat response
domain generally requires values of ¢, less than
0.4, and is represented by six categories:

A. SBB,. The Super Fourth-Order Boom Box is
a lower required Q) extension of Hoge’s BB,
First described by Bullock,” the SBB, is character
ized by a large box, low tuning (longer vent
length), and good Lransient response. In this case
the term “Boom Box™ is a bit of a misnomer.

B. SC,. The Fourth-Order Sub-Chebyshev is a
lower required Q. extension of the Chebyshev
(C,) response. This response is roughly the same
size and fy as the SBB,, but has different tuning,
Compared with the SBB,, the SC, transient
response is somewhal degraded.

C. QB;. The Quasi Third-Order alignment is
the most commonly used vented alignment
hecause i yields a smaller box and lower f; for a
given dniver Qs. Its transient response, however, is
not quite as good as the SBB, or the SC,.

D. Discrete Alignments. There are three dis-
crete alignments:

B, (Fourth-Order Butterworth)
BE, (Fourth-Order Bessel})
[B, {Butterworth Inter-Order)

These alignments are designated discrete
because they exist for only one single value of
Q,, Since the box losses affect the value of a
discrete alignment, they are difficult, though
not impossible, to obtain. Of the three, the BE,
has the best ransient response.

The nonflat domains are usually generated
using the higher values of Q(S, and have inferior

TABLE 2.0

Alignment Slope

Type Vs fo f;  dBloct
Flat Alignments

SBB, 2.7 25Hz 36Hz 18

SCs 2.4 27Hz 36Hz 19

QB; 2.0 31Hz 36Hz 20
Nonflat Alignments

SOB, 7.6 10Hz  34Hz 27

BB, 2.8 37Hz 30Hz 30

Ca 5.3 30Hz 27Hz 30




transient and frequency response characteris-
tics. As such, they have somewhat limited use
in high-quality audio applications. If their neg-
ative actributes can be tolerated for a particu-
Jar situation, however, they will yield lower val-
ues of £y, for a given driver:

A. Cy. The Chebyshev equal ripple alignment
can be useful for low values of ripple less than
1dB. Originally described by van Leeuwen in
1956 (see ' p. 364 for reference).

B. BB,. The Fourth-Order Boom Box was origi-
nally described by Hoge.” The name comes [rom
the peak in response close to rolloff, which, if
large enough, has the same undesirable character-
istics as a high Q3 _(1.24) closed box.

C. SQBy. The Super Third-Order Quasi-
Butterworth is a high value of Q) exiension of
the QB, alignment, and was described by R.
Bullock in Speaker Duzider 3/81.

Computer simulation allows vs to compare the
six alignment types. Two woofers were used: a 127
woofer with a Q_ of 0.3 for the SBB,, SC,, and
QB flat alignments, and a 10" wooler with a Q,
of 0.5 for the SQB,, BB,, and C; nonflat align-
ments (discrete alignments, because of their selec-
tive nature, are not represented). Although the
simulations are representations ol the perfor-
mance of particular drivers, generalized conclu-
sions can be made about the class of responses.
The various box paraineters are compared in
Table 2.0 (phase angle at the ~3dB {requency will
not be used as an indicatov for vented designs, as
it does not readily relate to alignment yype as it
does to Q. with sealed enclosures).

The data in Table 2.0 for the (lat alignment
group shows rolloff of all threc alignment types
o be aboul the same (at least for this woofer).
The difference lies m the somewhat better uan-
sient performance reflected in the slightly more
shallow rollof{l of the SBB, alignment. However,
the tradeoll is in enclosure size. The graphs of
the flat aligrnument simulation are shown in Figs.
2.1-2.5. The response and phase curves depicted
in fig. 2.1 ave very closely grouped, showing a typ-
ically steep slope in the vicinity of
18-20dB/octave. Looking at the group delay
curves in Fig. 2.2, the shape of all three curves is
similar to that of a sealed box Q. of 0.9 but with
much higher absolute delay. Compared with
sealed enclosures, the transient performance of
the best vented enclosure is worse than the best
sealed box woofer, and the dilferences are certain-
ly audible.% However, it reinains true that there
have been examples ol well reviewed, well liked,
and financially successful vented designs. Of the
three alignments in the flat group, the QB, is
probably the best choice since it produces neavly
the same f; and similar ransient performance of
any in the group and has the most compact enclo-
sure,

The cone excursion curves in Fig, 2.2 illustrate
the nain advantage of vented enclosures, low
excursion.

Above the tuning frequency, cone excursion
demands are substantially tess than a sealed

2 240
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enclosure, which also mcans lower distortion.
This advantage is likewise one of the main prob-
leins, because the excursion rate rapidly increas-
es below the wning (requency fb, and continues
1o increase into the subsonic regions. This causes
excursion problems with ultradow frequency pro-
gram malerial and subsonic noises, such as run-
ble from warped records (Section 2.120).

Figuwre 2.3 compares the impedance curves,
which are similar for all three aligmnents.
Transducer velocity, given in Fig. 2.4, shows
the peaks in driver acceleration (o 1ze roughly
coincident with the impedance peaks, and
minimum at the impedance minimum. Port
velocity, the speed of the air moving in the
port, is depicled in Fig. 2.5. The velocity peaks
in the vicinity of .

The nonflat alignments for higher Q drivers
presented in Figs. 2.6-2.10 portray a somewhat
cifferent performance. Looking at the magni-
tude responses in fig. 2.6, we see variation in
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TABLE 2.1
QL =3
SBB. and BB,

Qs H o falf;  Peak-dB
0.2000 1.0000 5.4444 35401 O
0.2100 1.0000 49031 33255 O
0.2200 1.0000 4.4355 3.1280 0
0.2300 1.0000 4.0290 29454 0
0.2400 1.0000 3.6736 27761 O
0.2500 1.0000 3.36l1 2.6186 O
0.2600 1.0000 3.0850 2.4718 O
0.2700 1.0000 2.8399 2.3347 0
0.2800 1.0000 26213 2.2068 0O

| 0.2900 1.0000 24257 2.0873 QO
0.3000 1.0000 22500 19739 O
0.3100 1.0000 2.0916 1.8724 O
0.3200 1.0000 19484 1.7763 0
0.3300 1.0000 18114 16876 0
0.3400 1.0000 1.7002 1.6060 O
0.3500 1.0000 1.5924 1.5313 ©
0.3600 1.0000 1.4938 1.4632 0
0.3700 1.0000 1.4035 1.4014 0 [
0.3800 1.0000 1.3205 1.345% 0O 5
0.3900 1.0000 1.2441 1.2952 0
0.4000 1.0000 1.1736 1.2499 0
0.4100 1.0000 1.1085 1.2091 0.0%

0.4200 10000 1.0482 1.1724 0.05
0.4300 1.0000 09923 1.1394 0.12
0.4400 1.0000 0.9403 1.1096 0.20
0.4500 1.0000 0.8920 1.0828 0.30
0.4600 1.0000 0.8469 1.0585 0.41
0.4700 1.0000 0.8049 1.0365 0.53
0.4800 1.0000 07656 1.0165 0.66
0.4900 1.0000 07289 0.9983 079 |
0.5000 1.0000 0.6944 09815 093
0.5100 1.0000 0.6621 0.9663 1.08
05200 1.0000 06318 09523 1.23
0.5300 1.0000 0.6033 09394 138
0.5400 1.0000 05765 09275 154
0.5500 1.0000 05512 0.9165 1.70
05600 1.0000 05274 09063 1.86
0.5700 1.0000 0.5048 0.8968 2.02
0.5800 1.0000 0.4836 0.8880 2.18
0.5900 1.0000 0.4635 08797 2.34
0.6000 1.0000 04444 0.8720 2.50
0.6100 1.0000 04264 0.8649 2.66
0.6200 1.0000 04093 08581 2.82
06300 1.0000 03931 08518 2.98
0.6400 10000 03777 0.8458 3.14
0.6500 1.0000 0.3631 0.8402 3.30
0.6600 1.0000 03492 0.8340 3.46
0.6700 1.0000 0.3359 0.8299 3.61
0.6800 1.0000 0.3233 08252 3.77
0.6900 10000 03113 08207 3.92
0.7000 1.0000 0.2999 0.8165 4.08

the overall response shape among the different
alignment types. The BB, alignment is similar 1o
the {lat alignment group in cabinel volume and
{5, but is less damped and has a much higher
rolloff rate. Altheugh higher () drivers will sork
in vented enclosures, their performance is less
than spectacular in their transient capability.
The other alignment types, C,; and SQBg, will

yield impressive low fys, but also call for rather
large enclosures for this woofer. The group delay
curves shown in fig. 2.7 confirm the degraded
transicnt performance of this alignment family
using high  drivers. Cone excursion, shown on
the same graph, gives about the same picture as
that for the [lat alignments, good above f, high-
ly sensitive below £




P

—

TABLE 2.2
Qi =7
SBB, and BB,

Qs H o f3/f, Peak-dB
0.2000 1.0000 5.8980 3.3686 0
0.2100 1.0000 5.3335 3.1518 0
0.2200 1.0000 4.8457 29521 O
0.2300 1.0000 4.4204 2.7674 0
0.2400 1.0000 4.0478 25960 O
0.2500 1.0000 3.7114 2.4366 0
0.2600 1.0000 3.4286 2.2883 0
0.2700 1.0000 3.1699 2.1503 0
0.2800 1.0000 29388 20220 O
0.2900 1.0000 2.7315 1.9031 0
0.3000 1.0000 2.5448 1.7932 0

| 03100 10000 23761 1.6922 O
0.3200 1.0000 2.2233 16000 O
0.3300 1.0000 2.0843 15162 0
0.3400 1.0000 19576 1.4406 0 :
0.3500 1.0000 1.8419 1.3728 0 ‘
0.3600 1.0000 1.7357 13122 0

o
L

0.3700 1.0000 16392 1.2583
0.3800 1.0000 15484 1.2104
0.3500 1.0000 1.4656 1.1679 0.06
0.4000 1.0000 1.3850 1.1302 0.14
0.4100 1.0000 1.3181 1.0966 0.24
0.4200 1.0000 1.2523 1.0667 0.37
0.4300 1.0000 1.1911 1.0399 0.51
0.4400 1.0000 1.134%1 1.0160 0.66
0.4500 1.0000 1.0809 0.9944 0.82
0.4600 1.0000 1.0313 09750 1.00
04700 1.0000 09849 0.9574 1.17
0.4800 1.0000 0.9414 09415 1.26
0.4900 1.0000 0.9006 0.9270 155
0.5000 1.0000 0.8622 05137 1.74
0.5100 1.0000 0.8262 05015 1.93
0.5200 1.0000 0.7923 0.8904 2.13
0.5300 1.0000 0.7603 0.8801 2.33
0.5400 1.0000 0.7302 0.8706 2.53
0.5500 1.0000 0.7017 0.8619 2.73
0.5600 1.0000 0.6747 0.8537 293
0.5700 1.0000 06493 0.8462 3.13
0.5800 1.0000 0.6251 0.8391 3.33
0.5900 1.0000 0.6022 0.8325 3.53
0.6000 1.0000 05805 0.8264 3.73
0.6100 1.0000 05599 0.8206 3.93
0.6200 1.0000 0.5403 0.8152 4.12
0.6300 1.0000 05216 0.8102 4.32
0.6400 1.0000 0.5038 0.8054 4.51
0.6500 1.0000 0.4869% 0.8009 4.70
0.6600 1.0000 04708 0.7967 4.90
0.6700 1.0000 0.4554 0.7926 5.09
0.6800 1.0000 0.4407 0.7889 527
0.6900 1.0000 04267 07853 546
0.7000 1.0000 0.4133 0.7819 5.65

o
o
—

TABLE 2.3
QuL= 15
SBB4 and BB,

Qu H o f1/f,  Peak-dB
02000 1.0000 6.0844 3.2996 0O
0.2100 1.0000 55113 30818 Q@
0.2200 1.0000 5.0149 28811 O
0.2300 1.0000 4.5821 2.6955 0
0.2400 1.0000 4.2025 2.5233 0O
0.2500 1.0000 3.8678 23633 0
0.2600 1.0000 35711 22146 O
0.2700 1.0000 3.3070 2.0764 O
0.2800 1.0000 3.0708 19483 0
0.2900 1.0000 2.8588 1.8301 0
0.3000 1.0000 2.6678 17214 O
0.3100 1.0000 2.4650 1.6222 0
0.3200 1.0000 2.3384 15323 0O
0.3300 10000 2.1958 14514 0
0.3400 1.0000 2.0357 13790 O
0.3500 1.0000 1.9467 13146 O
0.3600 1.0000 1.8375 1.2576 0
0.3700 1.0000 1.7372 1.2071 0.01
0.3800 1.0000 1.6447 1.1626 0.07
0.3900 1.0000 1.5593 1.1233 0.16
0.4000 1.0000 1.4803 1.0886 0.27
0.4100 1.0000 1.4070 1.0577 0.41
04200 1.0000 1.3390 1.0303 0.57
0.4300 1.0000 1.2757 1.0059 0.73
0.4400 1.0000 1.2167 0.9840 0.91
0.4500 1.0000 1.1616 0.9643 1.10
0.4600 1.0000 1.1101 09466 1.30
0.4700 1.0000 1.0619 0.9305 1.50
0.4800 1.0000 1.0167 09160 1.71
0.4900 1.0000 0.9743 09027 191
0.5000 1.0000 0.9344 0.8906 2.13
0.5100 1.0000 0.8969 0.8795 2.34
0.5200 1.0000 0.8616 08696 2.56
0.5300 1.0000 0.8282 0.8599 2.78
0.5400 1.0000 0.7967 0.8513 2.99
0.5500 1.0000 0.7670 0.8432 3.21
0.5600 1.0000 0.7388 0.8358 3.43
0.5700 1.0000 0.7121 0.8289 3.65
0.5800 1.0000 0.6868 0.8224 3.86
0.5900 1.0000 0.6628 0.8164 408
0.6000 t.0000 0.6400 0.8108 4.29
0.6100 1.0000 0.6183 0.8055 4.51
0.6200 1.0000 0.5977 0.8006 4.72
0.6300 1.0000 05781 0.7959 493
0.6400 1.0000 0.5594 0.7916 5.14
0.6500 1.0000 05415 0.7874 535
0.6600 1.0000 05245 0.7836 5.55
0.6700 1.0000 0.5083 0.7799 5.76
0.6800 1.0000 04927 07764 5.96
0.6900 1.0000 04779 0.7731 6.16
0.7000 1.0000 0.4637 0.7700 6.36

Figure 2.8 shows the comparison ol the
impedance curves. The minimum impedance
height at {; is greater for the less damped C,
and SQB, alignments. Figure 2.9 shows the cone
velocity curves peaking at approximately the
same frequencies as the impedance maximums,
fiand fi; (fg: 2.42), and minimum ar about the
same frequency as the impedance iinimuimn.

Port velocity, presented in Fig 2,10, peaks in the

vicinity of

2.60 BOX SIZE DETERMINATION

and RELEVANT PARAMETERS.
Determining box size is somewhat more involved
than for closedbox loudspeakers, Begin by obtain-

ing the following woofer paramelers:
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QB;and SOB;

Qis H o fsff,  Peak-dB
0.1000 4.3303 31.2904 5.6709 0 '
0.1100 3.9371 25.6824 5.1456
0.1200 3.6096 21.4169 4.7069
0.1300 3.3325 18.0974 4.3348
0.1400 3.0950 15.4635 4.0150
0.1500 2.8892 13.3386 3.7371
0.1600 2.0792 11.5994 3.4932
0.1700 2.5504 10.1581 3.2772
0.1800 24092 0B.9502 3.0B44
0.1900 2.2830 07.9280 2.9113
0.2000 2.1694 07.0552 2.7548
0.2100 2.0666 06.304]1 2.6125
0.2200 1.9733 05.6531 2.4824
0.2300 1.8881 05.0851 2.3630
0.2400 1.8100 04.5866 2.2528
0.2500 17381 04.1467 2.1508
0.2600 1.6719 03.7566 2.0559
0.2700 16105 03.4090 19674
0.2800 15536 03.0980 1.8845
| 0.2900 1.5006 02.8186 1.8065
' 03000 1.4512 025666 1.7331
0.3100 1.4050 02.3386 1.6636
0.3200 1.3617 02.1317 1.5978
0.3300 1.3210 01.9432 1.5351
0.3400 1.2828 01.7712 1.4754
0.3500 1.2467 01.6136 14183
0.3600 1.2127 01.4680 1.3636
0.3700 1.1806 01.3360 13110
0.3800 1.1501 01.2133 1.2605
0.3900 1.1213 01.0999 1.2118
0.4000 1.0939  0.9949 1.1649
0.4100 1.0679 0.8974 1.1198
0.4200 1.0431 0.8069 1.0763
04300 1.0195 0.7225 1.0346
0.4400 0.9970 0.6439 0.9947
0.4500 0.9755 0.5704 0.9568
0.4600 09550 0.5016 0.9210

0.4700 0.9354 0.4672 0.8875 0.06
0.4800 09166 0.3767 0.8563 0.14
0.4900 0.8986 0.3199 0.8276 0.27
0.5000 0.8813 0.2665 0.8014 0.45
0.5100 0.8647 0.2161 0.7775 0.70
0.5200 0.8488 0.1686 0.7558 1.00
0.5300 0.8336 0.1238 0.7363 1.36
0.5400 0.8189 00814 0.7186 1.77
0.5500 0.8047 0.0413 0.7027 2.25
05600 0.7911  0.0033 0.6883 2.78

O OO0 OO OO0 8OO0 DD O OO0 ODOOC OO OO0 00000 0o

o

g
o
£

COOKBOOK 0= 3 Qu=7

QB; and SQE,

Qu H o fJn'f,
0.1000 3.8416 343925 5.2233
0.1100 3.4947 28.2341 4.7386
0.1200 3.2058 23.5499 4.3337
0.1300 2.9615 19.9046 3.9902
0.1400 2.7525 17.0150 3.6949
0.1500 2.5712 14.6784 3.4381
0.1600 2.4129 127685 3.2126
0.1700 2.2743 11.1855 3.0128
0.1800 2.1495 9.858% 2.8345
0.1900 2.0388  8.7361 2.6741
0.2000 1.9393 7.7775 2.5289
0.2100 1.8494 6.9524 2.396B
0.2200 1.7678 6.2372 2.2759
0.2300 16935 56132 2.1647
0.2400 1.6254 5.0655 2.0620
0.2500 15629  4.5822 1.9667
0.2600 1.5054  4.1535 1.B778
0.2700 1.4522 3.7714 1.7946
0.2800 1.4029 34295 1.7165
0.2900 1.3571  3.1223 1.6429
03000 1.3145 2.8421 15732
0.3100 1.2748  2.5944 1.5070
0.3200 1.2376  2.3667 1.4439
0.3300 1.2028 2.1594 1.3836
0.3400 1.1702  1.9699 1.3258
0.3500 1.1395  1.7964 1.2702
0.3600 1.1106  1.6371 1.2167
0.3700 1.0834 14905 1.1651
0.3800 1.0578 1.3552 1.1153
| 03900 1.0335 1.2300 1.0674
| 04000 1.0106 1.1141 1.0214
04100 0.9889  1.0065 0.9776 0

0.4200 09683 0.9064 0.9362 0.01
0.4300 0.9488  0.8131 0.8975 0.05
0.4400 0.9303 0.7260 0.B618 0.14
0.4500 09128  0.6445 0.8294 0.31
0.4600 0.8961 0.5682 0.8001 0.56
0.4700 0.8802  0.4966 0.7741 0.90
0.4800 0.8651 0.4294 0.7510 1.32
0.4900 0.8507 0.3661 0.7307 1.85
0.5000 0.8370 0.3065 0.7129 2.46
0.5100 0.8240 0.2503 0.6972 3.18
0.5200 0.8116 0.1971 0.6835 4.01
0.5300 0.7998  0.1468 0.6715 4.97
0.5400 0.7886 00992 0.6610 6.08
0.5500 0.7779 0.0540 0.6518 7.36
0.5600 0.7677 0.0111 0.6438 B8.87
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(1) [5, the free alr resonance

(2) Qe total Q of the driver, including all series
resistances.

(3) V,,, volume ol air equal 1o driver compliance

(4) X, Amount of voice coil overhang in mm

(5) S, effective driver radiating area in square
meters

{6) V,, displacement volume = S x X . in
cubic meters

Parammeters 4, 5, and 6 can be obtained from the
driver manufacturer. Refer to Chapler 8,

Loudspreaker Testing, for the proper procedure in
calculating 1, 2, and 3. Even if you decide to use
the published data for [, Q,, and V_, be certain
o include the series resistances you expect in
the Q,, value (this can be done if Q, _is given
along with Q_ and Q).

The best way to proceed is Lo generale a
design table, as was done for closed-box sys-
tems. In this case, assemble all the data for the
three [lat alignments. Looking at the design
Tables 2.1-2.10,° you will natice three sets of
three tables plus one table for the discrete




TABLE 2.6
QuL=15

QB3 and SQB3

Qu H a filfs Peak-dB

fo.looo 36841 354793 50715 0 |

0.1100 3.3494 29.1286 4.6004
| 01200 3.0732 24.2984 4.2069
0.1300 2.8398 20.5392 3.8730
0.1400 2.6400 17.5563 3.5859
| 01500 24670 151498 3.3362
| 01600 23158 131802 3.1169
| 0.1700 2.1826 115478 2.9225
| 0.1800 2.0644 10.1797 2.7488
0.1900 1.958%  9.0218 2.5926
0.2000 18640 80331 24512
0.2100 1.7784  7.1822 2.3225
02200 1.7007  6.4446 2.2045
0.2300 16299 58010 2.0960
0.2400 15652 52361 1.9956
0.2500 1.5058 4.7375 1.9023
0.2600 14512 42952 1.8153
0.2700 1.4007  3.9011 1.7338
02800 1.3540 3.5484 1.6571
0.2900 1.3106 3.2314 1.5846
03000 1.2703  2.9455 1.5159
0.3100 12327 2.6867 1.4504
0.3200 1.1976 24517 1.3880
03300 1.1648 22376 1.3281
0.3400 1.1341 20420 12705
03500 1.1052 1.8629 1.1251
03600 1.0781 1.6983 1.1615
0.3700 1.0526 1.5468 1.1099
0.3800 1.0286 1.4070  1.0602
| 0.3900 10059 12777 10125
| 04000 0.9845 1.1579 09672 0 |
0.4100 0.9643 1.0466 0.9245 0.02
0.4200 0.9452 0.9430 0.8849  0.08
04300 09272 0.8464 08488 0.2
0.4400 09101 07562 0.8162  0.43
04500 08939 06719 07872 0.76
0.4600 0.8786 05928 0.7618 1.18
04700 0.8641 05185 0.7395 1.72
0.4800 0.8503 0.4488 07202  2.36
0.4900 0.8373 03830 07034 3.13
0.5000 0.8249 0.3211 0.6889 4.04
05100 0.8132 0.2625 0.6764 5.09
0.5200 08021 02072 0.6656 6.33
05300 0.7916 0.1547 06563 7.79
05400 0.7817 0.1050 0.6483  9.56
0.5500 0.7723 0.0577 0.6416 11.80
0.5600 0.7635 0.0128 0.6359 14.70
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alignments. They ave: Tables 2.1-2.3, SBB, and
BB,; Tables 2.4-2.6, QB, and SQBg; Tables
2.7-2.9, 5C, and Cy; Table 2.10, Discrete
Alignments. The three tables for cach align-
inent pair {one flat and one nonflat) corre-
spond to the different box losses or ¢, .

2.61 BOX LOSSES.

Three types of losses can affect the ultimate
box volume and tuning: leakage (Q, ), absorp-
tion (from damping material) (Q,), and vent
losses (Qp). Total losses (Q) for any vented

| 04800 0.9059 0.4040 0.8597
0.4900 0.8837 0.3605  0.8318

TABLE 2.7
QL=13

SC4 and C4

Qs H o f3/f, ijp1e~dB

| 0.2500 1.0093 3.4080 2.6083
0.2600 1.0322 3.2301 2,4391
02700 10529 3.0516 2.2860
I 0.2800 1.0703 2.8731 2.1473
0.2900 1.0871 2.6952 2.0217
| 03000 1.1004 25188 1.9078
[ 0.3100 1.1109 2.3447 1.8042
| 0.3200 1.1187 2.1738 1.7097
0.3300 1.1236 2.0069 1.6232
0.3400 1.1255 1.8448 1.5437
0.3500 1.1244 1.6885 1.4703
0.3600 1.1203 1.5387 1.4023
0.3700 1.1133  1.3961  1.3390
0.3800 1.1034 1.2616 1.2798
0.3900 1.0909 1.1356 1.2244
0.4000 1.0758 1.0187 1.1723
0.4100 1.0586 0.9110 1.1236
0.4200 1.0394 08128 1.0778
0.4300 1.0188 0.7238 1.0348
0.4400 0.9770 0.6439  0.9947
04500 0.9744 0.5726 0.9572
0.4600 0.9515 0.5093 0.9222
0.4700 09286 0.4533 0.8898
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0.5000 0.8621 0.3223 0.8080
0.5100 0.8412 0.2885 0.7822 0.02
0.5200 0.8212 0.2586 0.7601 0.02
0.5300 0.8021 0.2321 (7397 0.03
0.5400 0.7838 0.2084 0.7208 0.05
0.5500 0.7664 0.1872 0.7033 0.06
0.5600 0.7499 0.1681 06871 0.08
05700 0.7341 0.1508 0.6720 0.10
0.5800 0.7192 0.1350 0.6579 0.12
0.5900 0.7049 0.1205 0.6447 0.14
0.6000 06913 0.1072 06324 0.17
0.6100 0.6784 0.0984 0.6209 0.20
0.6200 0.6661 0.0832 06101 023
0.6300 0.6543 0.0723 0.5999 0.26
0.6400 0.6430 0.0630 05906 0.29
0.6500 0.6322 0.0524 0.5812 0.32
0.6600 0.6218 0.0431 05726 (.35
0.6700 0.6118 0.0343 0.5644 039
0.6800 0.6022 0.0258 0.5567 0.42
0.6900 0.5929 00175 0.5493 046
0.7000 0.5840 0.0096 0.5423 050

enclosure is the sum of these separate losses,
and 15 given as:

In practice, Q, and Qp tend to be so low that
they are not very significant. This is assuming
the vents are unobstructed, and a minimal
amount of damping material (17) lines the
enclosure walls. Since leakage losses dominate,
they are the only ones considered in the differ-
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TABLE 2.8
Qu=7
SCs and Cq4
Qs H o
0.2500 1.0338 3.8961
0.2600 1.0534 3.6755
0.2700 1.0703 3.4551
0.2800 1.0842 3.2360
0.2900 1.0951 3.0193
0.3000 1.1028 2.8062
0.3100 1.1073 2.5977
0.3200 1.1086 2.3952
0.3300 1.1065 2.1997
0.3400 1.1012 2.0125
0.3500 1.0926 1.8347
0.3600 1.0810 1.6672
i 0.3700 1.0667 1.5109
0.3800 1.0498 1.3665
0.3900 1.0309 1.2343
0.4000 1.0103 1.1146
0.4100 0.9886 1.0070
0.4200 (.9662 0.9113
0.4300 0.9436 (.8266
|_0.4400 08212 0.7521
0.4500 0.8992 0.6868
0.4600 0.8780 0.6297
0.4700 0.8578 0.5798
0.4800 0.8385 0.5361
0.4900 0.8203 0.4978
0.5000 0.8031 0.4642
0.5100 0.7870 0.4345
0.5200 0.7719 0.4083
0.5300 0.7578 (.3849
0.5400 0.7445 0.3640
0.5500 0.7321 0.3453
0.5600 0.7205 0.3284
0.5700 0.7096 0.3131
0.5800 0.6993 0.2992
0.5900 0.6896 0.2865
0.6000 0.6805 0.2749
0.6100 0.6719 0.2641
0.6200 0.6638 0.2542
0.6300 0.6561 0.2449
0.6400 0.6488 0.2363
0.6500 06418 0.2283
0.6600 0.6353 0.2208
0.6700 0.6289 0.2136
0.6800 0.6229 0.2069
0.6900 0.6171 0.2006
0.7000 0.6116 0.1946

f3/f; Ripple-dB
2.3949
2.2282
2.0784
1.9439
1.8229
1.7137
1.6149
1.5251
1.4431
1.3679
1.2986
1.2345
1.1751
1.1200
1.0689
1.0215
0.9777
0.9373
0.9001
0.8660
0.8348
0.8064
0.7804
0.7567
0.7351
0.7155
0.6975
0.6810
0.6659
0.6520
0.6393
0.6275
0.6166
0.6065
0.5971
0.5883
0.5802
0.5726
0.5654
0.5587
0.5524
0.5465
0.5409
0.5355
0.5305
0.5258
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0.01
0.02
0.03
0.05
0.07
0.09
0.12
0.15
0.19
0.23
0.27
0.31
0.36
0.41
0.46
0.51
0.57
0.63
0.68
0.74
0.80
0.89
0.92
0.98
1.05

ent design tables. The effect these different loss
levels have on the frequency response of a given
driver and alignment ave illustrated in Fig. 2.1
Unfortunately, these losses are altogether unpre-
dictable and must be measured with a working
enclosure.

To correct for losses, begin by assuming the
“typicai” loss figure of Q, =7, construct the
appropriate-sized enclosure, tune it 1o the indi-
cated tuning frequency, and then measure the
new enclosure for exact losses. If the measured
Joss is close to the target Q) =7, no additional

TABLE 2.9
QL =15
SCq and C,4
Qs H o f,/f. Ripple-dB

0.2500 1.0420 4.0890 2.3097 0
0.2600 1.0601 3.8500 2.1477 O
0.2700 1.0751 36119 19970 0O
0.2800 1.0871 3.3757 1.8647 0
0.2900 1.0958 3.1429 17460 0O
0.3000 1.1011 2.9147 16391 O
0.3100 1.1031 2.6924 15426 O
0.3200 1.1016 2.4774 14549 0
0.3300 1.0966 2.2711 1.3749 0
0.3400 1.0884 2.0748 1.3016 O
0.3500 1.0769 1.8896 1.2342 (O
0.3600 1.0626 1.7166 1.1720 0
0.3700 1.0456 15567 1.1146 O
0.3800 1.0265 14101 1.0615 0O
0.3900 1.0058 1.2779 10125 0
0.4000 09840 1.1591 0.9675 O
0.4100 09615 10535 09262 0
0.4200 0.9390 0.9604 0.8884 O
0.4300 0.9167 0.8787 0.8539 0 J
0.4400 0.8951 0.8074 0.8226 0.01
0.4500 0.8744 0.7453 0.7942 0.02
0.4600 0.8547 0.6911 0.7684 0.03
0.4700 08361 0.6439 07451 0.05
0.4800 0.8187 06027 07239 0.07
0.4900 0.8025 0.5666 0.7047 0.09
0.5000 0.7873 0.5348 0.6873 (.12
0.5100 0.7732 05068 06714 0.16
0.5200 0.7601 0.4820 0.6569 0.20
0.5300 0.7479 0.4599 0.6437 0.24
0.5400 0.7366 0.4402 0.6315 0.29
0.5500 0.7260 0.4225 0.6204 0.34
0.5600 0.7162 0.4065 0.6101 0.39
0.5700 0.7070 0.3921 0.6006 (.45
0.5800 0.6984 0.3789 0.5919 (.51
0.5900 06903 0.3670 0.5838 0.57
0.6000 0.6828 0.3560 0.5762 0.63
0.6100 0.6757 0.3459 0.5692 0.70
0.6200 0.6690 0.3366 0.5626 0.77
0.6300 0.6627 0.3281 0.5565 0.83
0.6400 0.6567 0.3201 0.5508 0.90
0.6500 0.6511 0.3127 0.5454¢ (.97
0.6600 0.6458 0.3058 0.5403 1.00
0.6700 0.6408 0.2994 0.5355 1.12
0.6800 0.6360 0.2933 0.5311 1.19
0.6900 0.6314 0.2876 0.5268 1.26
0.7000 06271 0.2823 0.5228 1.33

changes are necessary. [f, however, the mea-
sured loss figure is less or more than Q‘L =17,
you must vecalculate and alter the enclosure size
and tuning.

The diagram in Mg 2.12 depicts the boxsize
relationship for the range of possible Q) s. It is not
unusuai for the measured value of (Q; o be lower
than 7. As a result, you will have Lo increase the
box size. If you e accustomed to woodworking,
guickly knocking out a particleboard box will help
you determine losses. If this seemns like too nwch of
a burden, you can always start by over-voluming the

—— ]




TABLE 2.1
Discrete Alignments
Butterworth
Ql Qu H o fJ/f;
3 0.4386 1.0000 0.6543 1.0000
7 0.4048 1.0000 1.0613 1.0000
15 0.3937 £.0000 1.2444  1.0000
Bessel
3 0.3535 0.9696 1.4036 1.491t
7 0.3312 0.9735 1.9076 1.4941
15 0.3230 0.9749 2.1296 1.495]
Bulterworth Inter-Order
3 0.3835 1.1397 1.1722 1.2432
7 0.3572 1.1184 1.6802 1.2315
15 0.3477 1.1117 1.9030 1.2278

box by about 25% and adjusting the volume with
a removable solid filter.

If the Q, turns oul to be lower, you can
remove the required amount of filler. If QQ; is
higher, add more solid filler. Be sure to also
over-volume the box for anything that will
detract from the required volume (Section 1.70).
The procedure for actual measurement of Q;
will be given in Section 2.100.

2.62 USING DESIGN TABLES 2.1-2.10.
Once you decide on an alignment, you can use
the values of H {the tuning ratio}, ¢ (the system
compliance or box volume ratio), and {,/f, {the
fy ratio} to find the box tuning frequency (fy),
the box volume (Vy), and (fy), respectively.

o4

Vg fo = H x {,

fy = {f1/fy) x f,

2.70 CALCULATING VENT DIMENSIONS.
PVC pipe used in house plumbing is virtually
the best, easiest to fabricate, and most readily
available material for consiructing speaker
vents. It comes in a number of useful diame-
ters (e, %, 1, 1.5, 2, 8, and 4”) and can be easi-
ly cut for tuning. While you can construct rec-
tangular vents out of wood, changing vent
length for tuning is time-consuming. For that
reason, we will discuss only tube-type vents.

For a tubular vent flush-mounted on a speaker

baffle, calculate the length by:

1.463 x 10'R?
faz\’B

Ly = - 1.463R

where: L, = length in inches
fy = tuning freque?ncy inl Hz
VB = box volume in cubic inches
R = radius of the vent in inches

(=]
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Because virtually all the acoustic power is raci-
ated by the vent at fi;, a minimun volue dis-
placement is required in order to prevent
power compression. You can find an approxi-
mate figure for the minimum possible diame-
ter from:?

411.25vd) 2

1. dvz 3937 (
N

where:

d, 2 minimum diameter of vent in inches
fy = tuning fl‘equency in Hz .

V= cone displacement volume in cubic ineters
As a geneval guide]ine] Small offers a some-
what more conservative formula (for the sane
units as ahove):

2.
dvz 39.37 {fy V4)'"?
For a 10" woofer in a box tned to 33.5Hz, the
mininum vent diameter would be 3.577 in the
first case, and 2.45” in the second. Since these
figures are approximations, the formulas sug-
gest a 3-4" port would be adequate. However,

VENTED BCX
LF SYSTEMS

FIGURE 2.1%: Effects of
enclosure loss on box
respense.

FIGURE 2.12: QL and relative

box size.

FIGURE 2.13

—— QB3 6" Port 1W
QB3 4" Port 1W

———:0B3 3" Part 1W

----- QB3 2" Porl IW
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FIGURE 2.14

.Q983 1w 26.7 C 6" Yaen!

- QB3I EW 33.4 C 6" Ven

:QB3 10W 41.7 C B” Yent

(B3 20W 58.5 C 4" Yen!

---:Q83 d0W 91.7 ¢ 8" Yeni

FIGURE 2.15

———:QB3 I1W 26.7 C 8" Yeni

-~ :QB3 5W 33.4 C 8" Yeal

—-=:Q93 10W 41.7 C B" Voni

——-:QB} 20W 58.6 C 8" Vent

~+-:QB1 40W 91.7 ¢ B Veanl!

FIGURE 2.16

QB3 1w 28.7 C 8" venl

tQB3 SW 312.4 C 5’ Vanl

QB3 10w 41.7 C 8" Yenl

QB3 20%W 58.5 & 8" Vent

QB3 40W 1.7 C 6" Vent

FIGURE 217

—— QP31 IW 28.7 C 4" Venl!

---------- QB3 W 33.4 C 4" Vent

——-:QB3 10W 41.7 C 4" ¥Yenl

——— QB3 20W 58.5 C 4" Yeal

- 1083 0W 91.7 C 4" ¥Yent
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computer simulation and empirical testing have
shown that almost any practical port diameler is
nonlinear.

The inpedance curves in Fig. 2.3 display a
computer simulation comparison of four tbular
vent diameters measured at a |W level with the
same enclosuie, driver, and tuning frequency (the

same 12" driver and QB, enclosure used in Section
2.50). Diameter and port lengths are as follows:

Dia. Length
6" 30.0”
4" 12.8"
3" 6.2”
2” 2 .3”

Obvicusly, the 6” diameter port presents a port
length which is not practical but will act as a ref:
erence to understand the dynamics of port non.
linearity. The various impedance curves in Fig
2.13 make it apparent that even at 1W the 4",
3", and 2” port lengths are operating in a non
linear fashion, which 15 to say that they are
unable to move sufficient quantities of air at the
velocity required. To get an even better perspec-
tive on the implications of port function nonlip-
earity, a power series set of simulations was
done for 67, 47, and 2" diameter ports. The
series included running simulations for five
power levels, 1, 5, 10, 20, and 40W with appro-
priately increasing voice coil temperatures.
Figures 2.14-2.16 are for the 6” diameter tubu-
lar vent, Figs. 2.{7-2.19 are [or the 4” diameter
vent, and Figs. 2.20-2.22 are for the 2” diameter
vent. The 6" diameter port SPL graphs of Fig.
2.14 show not only the changes expected with
increasing power input but indications ol port
nonlinearity. f; goes from 40.6Hz at 1W to0 42.3
at 40W, which would be expected as power
increases. The slope changes moderately from
18.4dB/octave at 1W to 17.5dB/ octave at 40W.
However, at higher power levels a discontinuity
takes place at about 20Hz. This change is due to
port nonlinearity at higher power levels raising
the port resonance frequency and causing the
response to alter at 20Hz to a higher rolloff
rate. The group delay curves in Fig. 2.15 gel
progressively worse as power increases, with the
group delay at 40W being the worst case.
Excursion is less than Smm at the highest power
level, which s still 0.5mm less than the 6mm
X pax Of this 127 woofer (as mentioned, excur-
sion for vented speakers is very good above f,}.
The impedance shown in Fig 2.16 shows the
same pattern of nonlinearity as was seen in the
1W impedance of different diameter port tubes
in Fig. 2.13. The height of the lower peak, £, is
24Q lower (692 at 1W and 450 at 40W) in mag-
nitude and 4Hz higher in frequency at the 40W
level than at [W.

The 4" diamcter port SPL curves, Fig 2./7,
show about the same SPL change in the
response as the 6” vent example. The change in
fy from 38Hz at 1W to 42Hz al 40W is mostly
attributed to dynamic changes. The slope under-
goes a slight change from 17.7dB/octave to
17.4dB/octave, again less than expected due 10
port nonlinearity. The slope at higher power lev-
els develops a similar discontinuity at 20Hz as
the 6” vent. The group delay, Fig. 2. 18, shows the
development of a sharper knee at the 40W lcvel
as transient performance degrades because of
dynamic changes. The impedance curves in fig.




2.19 show the peak at [; to be gradually disap-

earing with the magnitude decreasing 33Q
from 1W to 40W (58-25Q), shufting upward in
frequency by 3Hz and showing more comnpres-
sion overall than the 6” port.

The 2 diameter port SPL curves given in
Fig. 2.20 illustrate the severe nonlinearity of
this port size. The tail end of the curve is start-
ing to alter toward a second-order response
below 20Hz. The f5 changes from 40Hz at 1W
to 45Hz at 40W. Slope rate changes from
19dB/octave a1 1W to 14.4dB/octave at 40W,
reflecting the change in response at 20Hz. The
group delay picture, Fig. 2.21, indicates more
radical changes in the wansient performance as
power increases, obviously due mostly to the
port nonlinearity. Note that the minimum
excursion magnitude is no longer at zero at all
power levels, but increases in minimum level
for increasing power. The impedance curves,
Fig. 2.22, show the port practically non-existent
at levels above 5W. The differences between a
fairly linear port, like the 6” diameter example,
and a very nonlinear port such as the 27 exam-
ple are compared at a 5W input level (100dB
SPL) in Figs. 2.23-2.25 and require no addition-
al comment.

The conclusion is fairly obvious from the
data presented. Although not widely under-
stood, almost no realizable wbular vent oper-
ates in a completely hnear fashion, and practi-
cally all realizable vents compromise perfor-
mance aL higher power levels. Minimum vent
size goes beyond cither of the formutas given.
While these calculations may suggest an
absolute minimum vent diameter, the recom-
mended port size will still yield substantially
nonlinear performance. Larger crosssectional
areas will always produce better linearity n
any given situation. For high powered applica-
tions, such as the speakers designed for stage
performance, it is desirable to use vent areas as
nearly equal to the driver area as possible. The
downside of using larger vent diameters is the
pipe organ resonance caused by the increased
length. While the pipe resonances producect
by longer vents can cause minor response
anomalies in the range of 1-2dB, the response
anomalies are probably less worrisome than
the severe nonlinearity of undersized ports.

Vent nonlinearity has always been a problem,
but one which most designers were either bliss-
fully unaware of, or not very concerned about.
For home systems at moderate volume levels,
the effects are not particularly obtrusive, espe-
cially if you stay on the high side of the mini-
inum vent diameter recommendations. As long
as the ratio of venl area to driver area is at leasl
a mintmuin of 9/1, the nonlinear effects are not
severe. Ratios of 4/1 and up generally yield rea-
sonably good port linearity. In terms of stan-
dard plastic tube diameters, 1” diameter ports
are good for only 4” dianeter drivers; 2” diame-
ter ports are good for 4”7 and 5 speakers, and
usable for 6” speukers; 3” diameter ports are

I

good for 6” speakers, and minimally usable for
8”7 speakers; 4” diameter ports are good for 87
and 107 speakers, and minimally usable for 127
and 157 6” ports are good for 127 and 15" types
{and any smaller diamneter driver with a box
large enough to accommodale the length).
While tabular vents are enormously conve-
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FIGURE 2.18

—— QB3 1W 28.7 C 4" Van1
"""" QB3 6W 13.4 C 4" Vent
——-:GBJ 10W 41.7 C 4" Veni
=== ;083 20W 58.5 C 4" Yenl

~ QB3 40W 91.7 C 4™ Yenl

FIGURE 2.19

——:0QB3 1W 28.7 C 4" Vent
»~—=-:0B2 5W 33.4 C 4" Yenl
—~—:0B83 10¥W 41,7 C 4" Ven!\
———;0B3 20 §8.5 C 4" Ven|
-- QB3 40W 91.7 C 4" Vani

FIGURE 2.20

—— :QBJ 1¥ 26.7 € 2" Veni

o=~ 1QB3 5% 3] 4 C 2" Venl

——- QB3 10W 41.7 C 2" ¥enl

——— :0QBJ 20W 58.5 C 2" Ven\

~- :QBJ3 40%W 91.7 C 2" Venl

FIGURE 2.21

—— .QB3 I1W 20.7 C 2" Veni

......... - :QB3 §W 3.4 C 2" Vent

;QBJ 10w 41,7 C 2" Vent

----- QB3 20W 58.5 C 2" Venl

- :QB3 40W 91.7 C 2" Vent
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FIGURE 2.22

T QB3 IW 26.7C 2" Ve

e QBJ SW 33.4 C 2" Vend

—==:QB83 10W 41.7 C 2" Vent

- QB3 40W 91.7 C 2" venl

FIGURE 2.23
R (B3 SW 2" Vani

FIGURE 2.24
- (0B SW 2" Vent

FIGURE 2.25
—— :QBJ 5V 8" ¥ent
e tQBY SV 27 Van
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nient, the largest cross-sectional avea for a given
cabinet depth (without using an etbow in the
vent) can be had from a shetf port, as described
by Thiele in his first paper (reprinted in the AES
Loudspeaher Anthology, Volume 1). Shelf ports are
not particularly easy to tune, can require succes-
sive prolotyping, and for that reason are not clis-
cussed here.

For large diameter woofers, where the values

of R= 2”, multiple vents are practical. The combi.
nation of two vent tubes, d, and d, is given by:

d =(d,2+d,%)%

Using two 4” diameter vents together would yield
a combined diameter of 5.7”.

If the vent length is such that the distance
from the inside rear enclosure wall (assuming a
front baffle-mounted vent tube) to the end of
the vent tube is less than 3%, use a 90 PVC elbow

joint (Fig. 2.26). Smalf cautions against such long

vents, suggesting they create excessive noises.
Others, including Weems and Bullock, do not
consider this a problem.

In addition to making the port as large a
diameter as possible to increase linearity (which
includes techniques such as multiple ports or
using an clbow to fit a long larger diameter port
into an enclosure), another methodology has
surfaced in the last five years that is now a fairly
common practice~flared perts. Unfortunately,
this technology is a little hard to implement
without fabricating the vent out of injection
molded plastic, but there is no question of the
increasedl linearity these devices achieve.

Flared ports are not a really new idea. Patents
began surfacing as early as 1980'° that specified
a rounded over surface on the entrance and exit
of the port as a methed decreasing port noise
and increasing performance. Since then numer-
ous patents from companies like Bosell, Polk
Audio'?, and Philips'® have described various
flared port configurations to the point that the
inajority of manufactured vented speakers are
now being fitted with flared ports of one kind or
another. Not only does the inclusion of a flared
vent improve performance; it also gives the
speaker a more interesting cosmetic appearance.

Research into port non-linearity and port
noise due to turbulence have pretty much veri-
fied the information in the previous paragraphs
of this section, that all ports are non-linear
given sufficient SPL,1:1316.17 and further
concluded that adding almost any round-over
on the entrance and exit of a port will help
the situation'!.

1 published a short study on {lared ports in
19968 that described the increased linearity to
be had from a flared port. In this case, the port
was supplied by Lighming Audio who sells a
kind of modular flared port system. What they
did was come up with flared inlet {(inside the
ox) and exhaust flared ends that had a mount-
ing flange that would fit onto a straight pipe.
Omnce you [it the two flared ends onto the tube
{that can be cut to length), the result is a vent
like the one pictured in fg. 2.27.

The test procedure included measuring
impedance and SPL at multiple voltage levels For
three different Lypes of vents, a straight vent, a
straight vent with a [(lared exhaust {(no inlet
(lare), and a straight vent with a flared exhaust
and a flared inlet. Using a LinearX VIBox (sce
Chapter 8, Section 8.31) I measured impedance at

S




1V, 2.83V, and 10V for each vent type (straight,
single flare, and double flare) and also per-
formed groundplane SPL measurements for
each vent type at 2.83V and 10V. The results cer-
tainly confirmed what other research has shown,
that flared ports which decrease the rbulence
that occurs at the ends of a port are significantly
more linear at higher veltage levels. Figure 2.28
shows the impedance comparison of all three
vent types at 10V. The type of non-linear imped-
ance behavior simulated earlier in this section
shows up in these pictures in the same manner as
a type of compression. Note that the lower
impedance peak is decreasing in level and the
trough between the two peaks increases in mag-
nitude as compared to the same measurement
taken at 1V (see Fig. 2.29). However, although all
three vent types tested showed this behavior, the
double flared vent was the best of the three an
shows less disturbance to the systewn. This is fui-
ther illustrated for each type vent’s impedance
examnined at 1V, 2.83V, and 10V in Figs.
2.30-2.32. Note the increase in the port tuning
frequency as voltage increases. This is likely due
to the effective shortening of the vent length as
turbulence increases at the vent ends.

This change in linearity was also examined by
performing groundplane type SPL measure-
ments at both 1V {see /g 2.33) and at 10V (see
Fig. 2.34). At frequencies below the roll-off of
the woofer being used (a Vifa M26WR 10”
woofer), output with the double flared vent
increased 1.5-2dB, due to the increased lineari-
ty of a double flared port. Again this is the
result of decreased end wurbulence.

The most definitive study to date was done by
three Harman International engineers from JBL
Professsional and Infinity,'? and drew a munber
of interesting conclusions regarding flared ports
as [ollows:

1. Flared ports exhibit less power compression
than do straight ports.

2. Port tuning of flared ports is enly slightly
dependent on flare and primarily dependent on
the minimum diameter and the total length of
the port.

3. Resonance increase as ports coinpress is likely
attributed to the effective length of the port
decreasing as turbulence increases.

4. Exuemne flared ports show mnore coinpression
and distortien at maximuin SPL levels than more
moderate flared ports, suggesting that a compro-
mise between the two is desirable.

5. Roughness of the interior vent surface appears
to not be relevant in port functioning.

6. There 15 no one port profile that is optinum
and the effect is had by a near infinite variety of
port flares.

7. Asymmmetrical inlet and exhaust ports with a
shallow radius on the inlet end and a Jarger radius
on the exhaust end (see Fig: 2.35) provide the best
balance of lowering distortion and compression.

These results pretty inuch confirmed those of
the study done in Philips Research Labs in The

Min. 3"

Netherlands'” that some type of middle ground
racdius produced better results. The port profile
that produced the lowest port noise (lowest distor
tion} in this study was a port that had a shaltow 6°
flare starting at the center of the port outwan,
and moderate small radius flare at both ends, as
shown in Fig. 2.36. This port was reported to pro-
duce 5.5¢B Jess blowing noise at a 95dB SPL level,
which is certainly significant. Although some prac-
titioners regard this noise to be effectively masked
by program material, there is no doubt that con-
trolling its effect and increasing the port linearity
provide benefit.

2.71 VENT RESONANCE and

MUTUAL COUPLING.
Vents can produce a variely of unwanted
response variations that are the result of the
acoustic coupling between the vent and the dri-

VENTED BOX
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FIGURE 2.26: Vent configuration.

FIGURE 2.27: Example of
dual flared pon.
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FIGURE 2.28: 10V impedance
comparisen (solid = dual-ftare venl,
do! = single-flare vent, dash =
siraight vent).

FIGURE 2.29: 1V impedance
comparison (solid = dual-flare vent,
dot = single-llare vent, dash =
siraight vent).

FIGURE 2.30: Impedance of
straight venl al mulliple input ievels
(solid = 1V, dot = 2.83V, dash =
10V).

FIGURE 2.31: Impedance of sin-
gle-fare vent at multiple input lev-
els (solid = 1V, dol = 2.B3V, dash =
10V).

FIGURE 2.32: Impedance of
dual-flare veni al mulliple inpul
fevels (solid = 1V, dot = 2.83V,
dash = 10V).
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ver and between multiple vents. Besides its con-
tribution to the total low-end sound ocutput of
the speaker, the vent alse contributes wind
noise, resonance disturbances, and ceolorations
caused by the transmission of standing wave
modes from within the enclosure.

The “pipe organ” resonances in speaker
vents are functions of vent diameter and
length. Generally, tubular vents which are not
much longer than their diameter do not suffer
from the resonance problems of longer vents.
The computer simulation in Fig. 2.37 illus-
trates the vent resonance problems of the
vents used in the simulation in Seection 2.70,
with the addition of a multiple vent example.
The curves have been deliberately displaced
by even decibel increments to make them easi-
er to read. The port diameters, lengths, and
the center-to-center distances from the driver
to the port are shown below:

Diameter  Length  Spk.-Port Port-Port

6” 30.25" 9.75" —
4" 12.3” 8.5” —
3 6.25" 8.0"

2% % 3" 15.0” 9.75" 6.57

All of the vents in the simulation are located
immediately adjacent to the driver for a begin-
ning reference. The magnitudes in these partic-
ular simulations ave exaggerated by a factor of
at least 10, and are presented only to give you
an idea of the relative Jocation and level of pipe
resonances in various sized vents. As men-
tioned in Section 2.70, pipe resonances usually
only preduce minor changes in driver
response, and ave typically difficult to separate
from other driver response anomalies. Pipe res-
onances arve extremely unpredictable and are
generally dependent on their location on the
baffle, vent proximity to enclosure walls, and
the location of damping material in the iinme-
diate vicinity of the vent. The rear of the cabi-
net is an alternative vent location. This will
cause some marginal change in low-end output,
depending upon where the speaker is located
in the room, but will tend to suhdue the subjec-
tive importance of vent-related noise problems.
The mutual coupting of the vent and driver
can change depending on the location and
diameter of the vent. No consistent rules for a
guideline exist, except that computer simula-
tions can give you at least a clue as to what to
expect, The examples in Figs. 2.38 (67 vent),
2.39 (4" vent), 2.40 {3” vent), and 2.41 (two 8"
vents) show the changes in the influence of
port resonances depending on the distance the
vent is located [rom the driver (again, the mag-
nitude of the pipe resonances is exagperated by
at Jeast 10 thnes). The three curves in Figs. 2.38,
2.39 and 2.40 represent the venl located imme-
diately acljacent to the speaker, and 13" and 16"
center-to-center distance from the 12”7 cone.
The two 3” vents were located the same dis-
tance from the driver in both examples, but




FIGURE 2.33: SPL comparison at 2.83V (solid = dual flare vent, dot =
single flare vent, dash = straight vent).

o Wagniiede > Scumd Prossere Level
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FIGURE 2.34: SPL comparison at 10V (sofid = dual-llare vent, dol =
single-flare vent, dash = slraight vent).

Saund Pressure Level

adjacent to each other in curve 1 and spaced
some distance apart in curve 2. In the case of
the 67 and 4” diameter vents, very close prox-
imity to the driver seems to cause the least
amount of disturbance. The 3" vent showed
fewer problems when located at a distance
from the driver. The dual 37 ports, Fig. 2.44,
produce fewer problems when the two ports
are separated by a reasonable distance.

2.72 BOX TUNING.

Once you select a vent size, you can accom-
plish final tuning. Generate an impedance
curve by using a signal generator and a volt-
meter {Chapter §), and measure the frequency
of £, which will occur at the trough between
the twin impedance peaks. If the measured
vajue of fy is lower or higher than the target
value, adjust the vent length until you cobtain
the correct value (Fig. 2.12).

Since fy is subject to variation, depending on
both box lesses and the voice coil inductance,
you may wish to use a more accurate tuning tech-
nique. Use a sound level meter placed close to
the woofer diaphragm and, with the aid of a sig-
nal generator, adjust for minimum output. This
will be the true value of [;. With either method,
your measuremnents should be made with the
enclosure filled and crossover connected. If you
have difficulty locating the center frequency, f,
find the two areas which show increasing
response wnd divide them by 2. Damping materi-
al can be removed and the crossover disconnecl-
ed to make the frequency easier 1o read, but if a
large quantity of fill material above 80% of the
total volume is being used, the location of fB will
be affected and the material should be included
in the measurement.

2.80 ADDITIONAL PARAMETERS.

As with sealed box enclosures, three additional
parameters are useful in the evaluation of dri-
ver performance: reference efficiency, dis-
placement limited acoustic power output, and
the required electrical input.

2.81 REFERENCE EFFICIENCY (n,).
For vented enclosures, 1, {(Eta) can be consid-

A Aesponse: SPL, Phase

ered the free air reference efficiency:
No = K{fs'Vas)

Where K =9.64 x 1070
V_d; in cubic m.
Vn; in cubic ft.
V. in cubic in.

VENTED BOX
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FIGURE 2.35: Example of an
asymmetrically flared post.

FIGURE 2.36; Example of

a compromise flared port
design for lower noise and
distortion.

FIGURE 2.37

" PORT
“ PORT
" PORT
12" PORT
- :2 3" PORTS
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To convert 7y, to:
Percentage % =M, x 100

SPL, 1W/1m dB = 112 + 10log, 7,

2.82 DISPLACEMENT LIMITED ACOUSTIC
OUTPUT (P, ).

P, for program material primanily within the

systern frequency response range, can be calcu-

Jated by:
- 4y 2
P =308,
where:
P, .isin walts
V, is the cone displacement volume in cubic
meters

Expressed as an SPL:

dB =112 + 10log,, B,

2.83 ELECTRICAL INPUT

MAXIMUM (P, ).
P . is refated to P, by the reference efficiency of
the systern, as is given by:

where P__is in watts and 1 is a decimal equiv-
alent, You can then compare P, 1o the manu- |
facturer’s thermal rating (in watts) to see '
whether the output required by your proposed ;
box design will exceed the power capacity of
the driver. As a rule, these figures do not
absolutely determine the acceptability of an .
alignment. Also take into account the type of | 1
program material you're using, acceptable lev-
els of distortion, and your average anticipated
listening levels. In other words, if you listen to
acoustic jazz played at around 85-90dB, it
might not be very important if you exceed the
thermal rating. If you like heavy metal rock ]
music at 115dB+, then a more conservative
posture makes sense.
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2.90 EXAMPLE DESIGN CHARTS.

Tables 2.11 and 2.12 give examples of two dri-
vers suitable for vented-box construction.
When calculating your total box size, make
sure you over-volume the enclosure to compen-
sate for anything which will detract from its
target volume (Section 1.70). It is also impor-
tant that you account for all series resistances
when you calculate final Q, (Chapter §).

For further examples of vented-box calcula-
tion and construction, you’ll find the follow-
ing in Speaker Builder magazine to be quite
helpful:

1. P. Stamler, “How to linprove That Small
Cheap Speaker,” 1/80.

2. R. Saffran, “Build a Mini-Pipe Speaker,”
3/81.

3. M. Lampton, “A Three-Way Corner
Loudspeaker System,” 4,/ 82.

4. R. Parker, "A Thiele/Small Aligned
Satellite/Subwoofer System,” 1/84.

5. H. Hirsch, “Tenth Row, Center,” 2/84.

6. D. Baldwin, “A Beginner Builds His First
Speaker,” 3/84.

7. S. Ellis, “The Curvilinear Vertical Array,”
2/85.

B. W. Marshall Leach, Jr., “The Audio
Laboratory Loudspeaker Systermn,” 2/89.

9. Bill Schwefel, “The Beer Budget Window
Rattler,” 3/90.

10. Thomas Nousaine, “Four Eight by Twos,”
6/90.

11. M. Rumreich, “Box Design and Woofer
Selection: A New Approach,” 1/92, p. 9.

12. G. R. Koonce and R. O. Wright, Jr.,
“Alignment Jamming,” 4/92, p. 14.

13. P. E. Rahnefeld, “Non-Optimum Vented-
Box Spreadsheet Docurnentation,” 5/92, p. 16.
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14. R. Gonzalez, "Quasi-Monotonic Vented e
TABLE 2.11
8" WOOFER EXAMPLE
QL =7
Q|\ ch Qms f: X max Sq imzl Va (ITIJ! Vay
026 028 4.0 a2 3.5mm 2.15x107 7.53x10° 2.76 ft’
AL Vg s (s Lo dv  Pagm  SPL 1, SPL P
i H~ Hz in in walls dB % dB walls
QB 0.67 61 49 2 1.5 0.235 106 0.8908 92 26
SC. 0.75 72 34 4 1.5  0.457 109 0.908 92 50
SBB, 0.81 74 32 8.7 2 0.509 109 0.908 92 56
TABLE 2.12
107 WOOFER EXAMPLE
Qu=17
Q. Qe Q s £ Xmas Sa ‘mz’ YV {mj! Vs
025 029 2.1 22 3.5mm 3.3x107 1.16x107 7.51 (1}
AL Vi {3 {a L. d. Pasip) SPL Mg SPL P
it Hz Hz in in walls dB % walls
QB 1.7 42 34 3 2 0.126 LQs 0.724 91 17.4
SC. 2.0 51 23 12 25 0.267 106 0.724 91 36.9
SBE, 2.] 52 22 12 25 (288 106 0.724 91 39.8

VENTED BOX
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FIGURE 2.42: Impedance plot
used for vent tuning.

FIGURE 2.43: Impedance plot
used for finding box loss.

FIGURE 2.44: Varialions in
response for different Q)
and tuning (h).
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Alignments,” 1/93, p. 24.
15. M. Redhill, “Stalking £5,” 2/98, p. 24.

readjust the system for actual losses. Start by
measuring the impedance of the new system
and record values [}, f, fy, and R, (Fig. 2.43).
R, equals the calibrated impedance at f.

If you have no box filling material, and your
crossover is by-passed, [, will generally be the
samme frequency as the measured minimum

2.100 Q; MEASUREMENT.

As discussed previously, once you have deter-
mined box size, and have built it using Q; =7
as a target loss figure, you must recheck and
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impedance, £ (f,;= f). Phase shift imposed by
large inductance voice coils can, however, cause
the two frequencies to be somewhart different. To
find a better approximation of f,, simply cover
the vent and measure the closed-box resonance
(f) and then:

£y = (£ 2+f,2 - £2)%

The following equation sequence will give you
the value of measured ), :

{sb = fi]i
B
fy = B0
Re

where R is the driver DC resistance.

sb
h, = ®
fsb
PN |V [ (et ()
("

ha ( 1 _ 1 )
o chblTM— 1] Qmsb

If yowr measured Q) is very ditferent from the
target §, = 7 used to construct the enclosure,
select the new design table closest to the new
value and recalculate all paraineters using
Qe Il you measured Q,  on a ballle whose
dimensions are similar to the enclosnre [ront
baflle, its value will be close to Q_(sh.
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fy . . . .
Qb = (=) Qms The accuracy of measured Q; can be
fo checked by:
fs
= {\— . 2 s
Qt!b ( ) ch fB Lo QL —ha 172
fo Sl e e
[M C(‘QL -1
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LOUDSPEAKER If your calculation is reasonably close to 1, you can Alignment Type Figure
DESIGN assume f; = f,, and the procedure was accurate. SBB, 2.35-2.36
COOKBOOK SC, 9.37-2.38
QB,4 2.39-2.40
BB, 241-2.42
TABLE 2.13 SQB, 9.43-2.44
MISALIGNMENT RESPONSE VARIATIONS C, 9 459 46
Qu H : o : . o
The conclusion frem locking at the various
Forent; B Blaget, dB aligniments at 1W and 20W of input power are
2 A9l +7 imilar led enclosure i1
420 +2 | +20 .2 sitnilar to rhose .of.the seale . n
20 _3 - 20 _ C.’mple-r. 1. Damping tends to decrease with
_50 _5 | _50 _4 power increase, accompanied by a slight
increase in fy. Since damping is generally
decreasing, the flat alignments develop a peak
at higher power levels. 1{ computer modeling is
2.110 FREQUENCY RESPONSE not available, you can compensate for the
VARIATIONS CAUSED changes in response 2L higher power levels by
BY MISALIGNMENT. opting for a slightly lower tuning than recom-
As mentioned previously, vented design requires mended by the Thiele/Small models from the
some degree of precision, mostly because there is  design charis. The Thiele/
a moderately severe penalty for misaligned para-  Small model is a small signal prediction and
meters. Table 2.13 summarizes the response varia-  designs flat at low input signal level. Tuning to
tions which will occur at the corner fiequency  a 10-20% lower {, will yield a more under-
(just prior to rolloff) for situations where Q, was  damped response al low power levels, and a
incorrectly measured, and where the box was inore nearly flat response at higher power lev-
incotrectly wined (Fig. .2.44).1'3 els. This can be difficult, however, since using a
sufficiently large diameter vent already calls for
2.115 DYNAMIC CHANGES IN a relatively long length. Tuning to a lower fy
FREQUENCY RESPONSE OF makes the fength even longer and possibly
DIFFERENT ALIGNMENTS. impractical for the particular enclosure dimen-
The changes in frequency response and other  sions.
factors caused by increasing power input and
voice coil temperature are not as easily seen with 2,120 SUBSONIC FILTERING.
vented enclosures as with sealed enclosures  As discussed in Section 2. 10, vented enclosures
because of port nonlinearity. This was apparent  are highly sensitive to subsonic information
in the discussion in Section 2.70. Computer simu-  from such sources as warped records. Woofer
lation of the six [lat and nonflat alignments will  excursion will greatly exceed X . and create
still help clarify the dynamic changes due to  large amounts of distortion under these cir-
increased power inpul. The frequency response  cumstances. It is essential, therefore, that you
and cone excursion/group-delay simulations are  use either active or passive low-[requency filter-
essentially the same as those shown at IW in  ing with any venled loudspeaker. A
Section 2.50 with the addition of the 20W simula-  12dB/octave or 18dB/octave active {ilter, such
tion added for comparison. The illustrations for  as the Old Colony model KF-6, 1s relatively
the various aligninents are as follows: inexpensive, effective, and available in kit
form.”
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As an alternative, yon can construct a simple
passive CR filter, such as the one illustrated in
Fig. 2.57. One of the characteristics of this type
of filter is fg’s dependence on the output imped-
ance of your amplifier. The values given will
work with most solid-state amplifiers, although
the cut-off frequency will vary by +6Hz or so.
While this modest circuit is fairly effective in sup-
pressing subsonic cone motion, it is still more
desirable to build a filter with an IC buffer.2?

2.130 BOX DAMPING.

“Traditional” enclosure damping, to suppress
standing waves in a vented-box system, consists
of lining one of each opposite side with 17-2”
of fiberglass. It is recommended, however, that
you cover all surfaces directly behind, and adja-
cent 10, the woofer. Colloms recoinmends that
such damping material be placed within the vol-
ume or open area, not on the box walls,

The effects of damping can be observed by
computer simnulation. Using the same 127
woofer and QB4 enclosure from the Section 2.50
simulation, three enclosures were built with 0%,
10%, and 50% fill of standard fiberglass (R19).
The 10% was made by lining one of each oppo-
site sides with 17 fiberglass. The 50% sample
would be equivalent to lining all four sides and
the rear wall with 3” thick material. The comput-
er-generated graphs shown in Figs. 2.58-2.60
give the results. The SPL curves in Fig. 2.58
show minor response changes, while the damp-
ing changes seen in the group delay in fig. 2.59
also are slight. The impedance curves in Fig.
2.60 likewise indicate only minor changes. This
being the case, the pritmary benefit would be
from decreased response changes due to box
standing wave modes, making the 50% fill an
attractive choice, Be sure you do not obstruct
the vent with fill.

2.140 DUAL WOOFER FORMATS,

Everything discussed in the closed-box section
(Section 1.90) applies when you are using a vented
enclosure. The only exception is the compound
woofer setup. In soine circumstances, the smaller
enclosure could require an tmpracticably long
vent tube.

The following Speaker Buiider articles provide
construction examples of compound vented
enclosures:

1. John Cockroft, “The Demonstrator: A
Vented, Compound Speaker Systern,” 2/87.

9, Chris Edmendson, “A Thunderbird 1sobarik,”
3/89 (a compound speaker for car audio).

TABLE 2.14
Assisted Unassisted
Qu =7l Qe = 7]
Q«  Class Lift-dB  fy/f, Qs £
3 I 5.1 1.098 31{QB4} 1.573
3 I 1.7 1.990 .30{0B, 1573
.55 111 6.3 1.009 49|C4) 735

2.150 RESISTIVE and
DISTRIBUTED VENTS.

According to Thiele’s analysis?, resistive vents
(series resistance in the form of fibrous stuffing
or a tight cloth placed over the vent) and distrib-
uted vents (parallel resistance using several small
holes clustered together instead of one larger
tube) result in the following changes in normal

Gy Cz
o AY| a 3

i /
IN R1 Rz ouT
o O — —a0

C, = 0.47uF POLYPROPYLENE CAP
Ry = 120K. 5%, l/4-1/2W

C; = 0.68uF POLYPROPYLENE CAP
Rz = 100K, 5%, 1/2W
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FIGURE 2.57: Passive low-
frequency filler.
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FIGURE 2.61

FIGURE 2.62

FIGURE 2.63
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vent-box operation:

1. increase in f,

2. decrease in output (efficiency)

3. Increased cone excursion near cutoff
4. lowered Q)

Thiele’s point is that if a regular alignment
with no resistance has a lower cutoff and high-
er efficiency than the same size box with resis-
live loading, why bother? As with closed-box
systems, however, being able 10 tweak an
already built enclosure can sometimes be
advantageous,

The following is a list of the various tech-
niques which you can apply. Besides the penal-
ties mentioned above, your successful apptica-
uon of any of these methods will require sue-
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cessive measurement and a bit of trial and
error:

A. Basket Damping. One of the most effective
techniques to lower driver Q) is to stretch
acousticallyvesistive cloth over the holes at the
rear of the driver frame.l:?! Fabric adhesive
works well for this purpose. You may need to
apply successive layers until a target Q is
reached. This method of adjusting Q is pre-
ferred to adding port resistance.

B. Vent Dmnpz'ng. You can use Dacron, woal,
fiberglass, or foam to add resistance to a vent.
A lght, porous cloth stretched over the vent
end will also have the same effect.

C. Enclosure Stuffing. If you fill the enclosure
with fiberglass or Dacron, you will achieve
results similar to B, except that the stuffing
will yield a better midrange quality from the
driver.?!

D. Straw-filled Vent. This technique, a varia-
tion on the distributed vent idea, works rather
well. Simply fill the vent tube with a bundle of
plastic straws or rolled, decorative corrugated
cardboard. This provides better contrel than
the series resistance methods. By trial and
error, you can change the length of the port to
produce the same tuning frequency as an
unfilled vent tube. Measuring Q; will give you
a clue as o how radical your change is.

2.160 ELECTRONICALLY ASSISTED
VENTED DESIGNS.

One of the notable details of Thiele’s first
papers was his suggestion ol taking a QB or G,
alignment, lowering the tning, and providing
a certain amount of boost (as opposed to the
extensive contouring for closed-box electronic
assists) accompanied by subsonic filtering to
lower [ by aboul Ye-octave. Since Thiele’s initial
paper, several authors have expanded upon the
idea,?2%%% but none as thoroughly as Robert
Bullock in his article on sixth-order alignments
in Speaker Builder 1/82. Table 2.14 compares
each of the three classes of assisted aligninents
to its unassisted counterpart.

Leoking at Table 2. 14, we can see that, with
only a moderate amount of boost, the Class I
systein is capable ~f about a hall-oclave exten-
sion. Although Class 11 and TII systems actually
produce a higher f;, they tend 1o produce high-
er undistorted SPLs than their unassisted coun-
terparts. While the wide dynamic range
sources, such as compact digital discs, make
any boost somewhat questionable at higher
SPLs, the sixth-order class of aligniments is a far
more attractive means of allering a low-end
response than the circuits on closed-box assist-
ed enclosures (Section 1. 10). Tor details, and an
easy method of using a modified Old Colony
KI-6 Tilter kit, see the above-referenced article
in 58,

Although electronically assisted vented boxes
are less lkely to produce the excursion catastro-
phes possible with scaled enclosures having




added boost, there are tradeoffs. Using the
methodology described in Bullock's 1/82

Speaker Builder article (pp. 20-24), a computer

simulation was produced to show the dynamic
consequences of a Class 1 sixth-order system.
Again the same 12" woofer parameters were
used for a QBy enclosure. Vi of the box was
9760, tuned o fy 24 8Hz. The active filter wn-
ing frequency was 27.14Hz, with a (3 of 1.77,
which gives a bass lift of 5.33dB. Figure 2.61
shows the 1W SPL comparison of the response
with and without the added electronic filter.
The t; and slope for the two responses were as
follows:

Type £, Slepe dB/oct.
no filter 36Hz 20
with filter 26Hz 34

The extension js the predicted Y-octave, but
with considerable increase in rolloff rate.
Looking at the 1W group delay curve in Fg.
2.62, the curve with the filter has developed a
very sharp “knee” and has increased group delay
by a factor of 3. Figuse 2.03 shows the cone
excursion and group delay at a 20W input level,
Excursion of only 5.8mm maximum for the
speaker/filter combination, plus the typical con-
tinuing increase in excursion rate below fy, has
been auenuated w0 a low level. Given the 6mm
Ko ©F the driver, the Class I system should pro-
vide good high SPL performance. The only
drawback, or tradeoff, is Lhe rather severe
change in damping which accompanies the use
of the filter. If the systemn were being used in a
subwoofer application, rolled off on the high
end at 24dB/octave at 75Hz, the mansient per-
formance loss would not be as noticeable.

2.170 VENTED REAR CHAMBER
BANDPASS ENCLOSURES.
Vented rear chamber bandpass enclosures are
substantially more complicated mathematically
than the sealed rear chamber type described in
Chapter 1. Although they possess a great deal
more design flexibility, no one has published a
hand-calculator methodology for designing this
enclosure variation. It is likely that many of the
manufactured units made available over the last
several years were designed by (rial and error,
although several compuler programs can now
be used to create simulations of these designs.
The three programs capable of this, at the time
of publishing, ave Low Frequency Designer by
SpeakEasy, Speak by DLC Design, and LEAP
4.0 by LinearX Systems.

LEAP 4.0 was used Lo creale a simulation
using the same 127 woofer used in most of the
previous simulations in this chapter. The vear
volume was 5.65%, tuned 16 21Hz, and the front
volume was 125013 tuned 1o 48Hz. This pro-
duces a fairly large enclosure with a tetal volume
of nearly 7{t. Figure 2.64 depicts the [requency
response at hoth [W and 20W input levels. {, is
at 15Hz with a l6dB/octave slope rate, and G

is at 78Hz with a 15dB/octave slope rate.
Efficiency is about the same as the other align-
ments described for this woofer, 30dB, so the
primary tradeoff is enclosure size for low-end
extension.
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FIGURE 2.68

FIGURE 2.9

FIGURE 2.70
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Figure 2.65 shows the group delay and cone
excursion. Excursion, as with any vented enclo-
sure, increases below the low tuning frequency,
but even at 20W is only 4.4min maximum
above the tuning frequency compared to the
driver X, of 6mm. Group delay is high com-
pared to the other alignments, with an absolute
value of 20ms for this particular woofer/box
combination. The impedance curves, shown in
Fig. 2.66, illustrate the typical three-peak
impedance curve characterisiic of vented rear
chamber bandpass enclosures. Figures
2.67-2.70 show the rear and front port excur-
sion, transducer cone velocity, rear port volame
velocity, and front port volume velocity.
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CHAPTER THREE

PASSIVE-RADIATOR
LOW-FREQUENCY
SYSTEMS

3,10 DEFINITION.

Passive-radiators (PR) are a type of vent substi-
tute, and closely follow vented loudspeaker design
methodology and performance characteristics.
“Drone cones,” as they are sometimes called, have
two important advantages over vents. First, they
efimmmate vent colorations (such as resonant pipe
sounds), wind noises, and the internal high fre-
quency sound reflected out of the vent. Second,
they are practical for small enclosures which call
for vent lengths in excess of internal box dimen-
sions. PRs are also simpler o deal with, having
fewer alignments and less concern with loss calcu-
lation. On the downside, PRs have a steeper cut-
off (and less transient stability), a slightly higher
cut-off frequency and greater overall losses (Q, )
than vented designs.

A popular misconception about PRs is that
they operate in low-frequency regions, mechani-
cally cross over to the driver at a higher frequen-
¢y and extend the bass of that driver. Actually,
the PR operates in conjunction with the driver at
low frequencies, sharing the acoustic lead and
reducing driver excursion. Working as a vent,
PRs only add as much as they subtract. This
implies they have the same positive atiributes as
a vent, such as higher power handling and lower
distertion.

3.20 HISTORY.

Passive-radiators were fivst described by Harry
Olson in his patent “Loudspeakers and Method
of Propagating Sound,” issued January 1935,
Except for an article by Olson in 1954,! very lite
was published about PRs until Newmnura and
Kitamura in their IEEE paper in October 1973,2
and Small’'s JAES paper in October 1974.% Polk
Audio is one of the largest and most successful
commercial producers of PRs in the US.

3,30 DRIVER “Q” and
ENCLOSURE RESPONSE.

PRs exhibit about the same Q/box relationship as
a vented-box, and are treated similarly. Figure 3.1
shows the amplitude response comparison for
closed, vented and PR systeins with klentical dri-
vers. The characteristic which sets PRs apart from
vented systems is a dip or notch at the PR reso-
nance frequency (f ). Though located below sys-
tem cutoff, the nolch increases the slope of the
driver low-frequency rolloff, and degrades tran-
sient performance. As will be shown in a separage
section, Clarke’s augmented passiveradiator sys-
tem substantially solves this problein.

Mr. Pablapa
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3.35 WOOFER SELECTION.
Follow the same procedures described in Seclion
2.40, for vented driver selection.

3.40 ALIGNMENTS.

As mentioned above, alignments for PRs ale gen-
erally resuricted to QB,, B, and C, types.? Qs
above 0.5 are not useable becwuse they produce C,
responses with excessive frequency response rip-
ple. This narrows the choice of Q for a flat
response 10 values of 0.2 o about 0. 35 (B, align-
ments. There are also ne described electronically
assisted alignments.

Transient behavior for low alpha alignments is
rather poor and has a high ripple C, response
(alpha equal to 1-2, corresponding to a Q, of
0.44-0.35). This is true for Small’s analysis, which
assumes the radiator compliance ratio (0 or delta)
is equal to alpha (@}, the system compliance ratio.
In other words, the passive-radiator is constructed
from the same exact cone, surround, spider and
basket as the driver (8 = @). If, however, the radia-
tor is made more compliant than the woofer, even
low alpha (high Q) alignments will be more like
their vented counterparts and have acceptable
transient response.

The frequency response and phase graph in
Fég 2.2 is a computer simulation of a 6 = 0. pas-
sive radiator QB alignment using the same 12
woofer as in the vented simulations in Chapler 2.
This response is at a IW power level and illus-
trates the typical shape of the bottom end
response of a passive radiator enclosure, The
enclosure volume is the same as the QB, vented
enclasure, 2t but the radiator js tuned to
18Hz, compared to the vent tuning frequency
of 31Hz With the 8 = ot alignment, the radiator
has the same cone arvea and compliance as the
driver. 131.9 grams of mass is required 1o tune

PASSIVE RADIATOR
LF SYSTEMS

FIGURE 3.1: Response com-
parison for vented. closed
box, and passive radiator
systems.
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—— :PR 12"SPK{12"D W

FIGURE 3.3

— :PR _12"5PKj12"D W

Acoushic On Aris Noiponse: SPL. Phaso L3

Geaph 1

e QB3 12 SPK

Acoustic On duis Acsponse: SPL. Phase

Graph 1

FIGURE 3.4

—— PR (2"SPK/12"D I'W

10 Feaquency th 100 W

woen 2QBY 12" SPK

Obmy taph 18

Iransduccr Impedance Magnifude; Phase

FIGURE 3.5

— PR 12"SPKJ12"D IW
~ee:QB3 127 SPK

86

Graph 18

Transducer Impcoance. Magrslude: Phase

19 Fraquency [T 100 s (T3] %

the 12” radiator to the required frequency. The
fy of the PR box is at 41Hz with a rolloff slope of
29dB/octave. Figure 7.3 compares the QB, pas-
sive radiator 1W response with the QBg vented
enclosure 1W response. lu this example the venl-
ed enclosure will have more effective low end
respense than the PR enclosure. Despite the
somewhat decreased low end content for the
saine driver, the PR’s primary advantage is that i
doesn’t suffer from the pipe resonance and
standing wave transmission problems found in

vents. PRs also tend to have a distinctive subjec.
tive sound quality which 15 different than that of
a vented speaker. Figure 3.4 depicts the imped.
ance curves for both enclosures. Figure 3.5 shows
the dynarnic changes in the response with the
input power increased to 20W and the SPL ou.
put raised to about 105dB for both enclosure
types. The response indicates the expected
decreased damping accompanied a slight
increase in the —3dB frequency to 42Hz. The
group delay and cone excursion curves are in Fg.
3.6. The excursion, as with the vented enclosure,
is moderate with a maximum of 3mm above the
frequency f center frequency between the
impedance maxima {as opposed (o the radiator
tuning frequency). Since the driver X is Gmm,
the distortion level is low. However, like vented
enclosures, excursion increases rapidly at low fre.
quencies, and a 20Hz high-pass filter is recom.
mended. Group delay, shown on the same graph,
is at about 10mS for both types of enclosures,
However, the phase change at low frequencies in
the vicinity of the notch results in the negative
group delay. Figure 3.7 shows the radiator excur-
sion, which is at maximum at the radiator tuning
frequency. Figure 3.8 gives the speaker cone
velocity with a shape similar to the vented QB,,
having maximum velocity at the impedance max-
ima, and a minimum velocity at the impedance
minima. Radiator velocity is maximum at the dri-
ver minimum velocity, as shown in #ig. 3.9.

The procedures for designing passive radiators
and the design example above are limited to the
use of a radiator with the same cone and compli-
ance as the driver. Using different sized radiators
with different compliance values requires either
wial and error, or the use of one of the available
computer box design programs. Although not
repeated here, another guideline for using dliffer-
ent passive radiators can be found in a method
described in AES preprint no. 2539, “Generalized
Design Method of Lossy Passive-Radiator
Loudspeaker Systems” by Carrion-Isbert.

A comnplete analysis of passive radiator systems
including the various types of losses and the
damping effects caused by fill materials plus the
mathematics needed to describe this is found in a
“Complete Response Function and System Param-
eters for a Loudspeaker with Passive Radiator,” by
Douglas Hurlburt!.

3.45 BOX SIZE DETERMINATION and
RELEVANT PARAMETERS.

Except for the extra radiator parameters, you can

determine the box size and tuning for passive-radi

ator systems the same way you deterinine them for

vented enclosures. Begin by assembling the follow-

ing driver parameters:

1. f, caleulated on a haffle simulating final
enclosure loading
. dviver (@ includes all series resistances

<O

5

e

max

I'e

2.
3. G
4. X
5 d
6.V,

¢




7 S, area of passive-radiator

gelta the compliance ratio of the PR
You can obtain parameters 1-6 in the same man-
ner as 2.6. Calculate S using the formuta for dui-
ver S found in Chapter 1. Delta requires a sepa-
rate test procedure, described in Section 3.50.

3.50 FINDING DELTA FOR PRS.

The technique described here is a variation on
one for tuning vented enclosures, originally sug-
gested by Weens® and applied to PRs by G. R.
Koonce.?

Definition of Additional Terms:

1. V., —test voluine equal to Vb, given in cubic
meters

2. C,, —the acoustic compliance of the enclosure

3. €, ~the mechanicat complance of the PR in
meters/newlon

4. C,, —acoustic compliance of the PR = C

Sap-

. 84, —area of PR in square meters

6. V,, —the volume of air equal to the radiator
compliance

l]]])

ot

The following procedures will work for any type of
PR, including PRs made from a cone, surround,
spider and basket, or PRs made from {lat card-
board and foam with an attached surround,

A To caleulate V,_, find the freeair resonance of
the passive rachator, £ . Mount the radiator on
a baffle (the same size and shape as that of the
test box used 1o measure V_ ) and then drive it
by holding a small driver C?uectly behind the
radiator 1o couple the motion of the driver 10
the radiator. Use a sine wave oscillator o drive
the speaker and vary the frequency undl the
passive radiator’s maximmum excursion is found.
Determine the point by watching the radiator’s
motion,

B. Using the test setup in Fg. 310, vary the fie-
quency of the oscillator until the box reso-
nance frequency [_is found. You can then find
Vap by

= Vo [(E/L)2 1)

Then: Ve

1.42 % 10°

Cap =

C. G, of the design enclosure is calculated by:

Vab

Cab = — -
1.42x 105

D. Tinally, calculate delta (8), the PR compliance
ratio, by:

Cap

Cab

§ =

As an alternative method that does nov require

i

3

Xpr eh
i
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FIGURE 3.6

—- PR 12"SPX/12"D 20W

- 1@B3 12" SPK 2O0W

FIGURE 3.7

~—— PR 12"'SPX/12"D 20W

) Treqvancy 50 100 e 4o K

drilling and filling a holc in the enclosure, you can
caleulate alpha using the final enclosure. First, run
an nnpedance curve (as in 2. 10). Then, assuming
fy =1,"

fulu
{s

fsp =

Then:

( le + fLZ _ fBz)

fsa

To find &, solve the equation:

ad _ u® - fehife® - £

fi*fu’

ax+ 6+ 1

3.51 USING DESIGN TABLE 3.1.

Because PRs have very consistent Josses usually
equal to a () =7, and because only one alignment
“family” will be explored, you will need only one
design table (Table 3.1). Use this 1able in the same
manner as with vented boxes, but note the addi-
tional ratio of VPP/V which is the ratio of the

i

FIGURE 3.8

——:PR 12"SPX[12"D

20W

FIGURE 3.9

——:PR 12"SPK{12"D 20W
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volurne displacement of the PR to the volume dis-
placement of the driver.

Box volume
Ve =

o
-3dB Point
Tuning Frequency

PR Displacement

3.52 PR LOCATION and

MUTUAL COUPLING.
Because of the large (compared to vented
designs) center-to-center distance from a driver to
a PR, response problems caused by the proximity
of the two are negligible.

3.53 BOX TUNING.

Tune a PR system the same way you would a
vented enclosure (Section 2.72). The only dif-
ference will be your frequency adjustment
method. With a vented-box you can change the
length of the vent tube, but with a passive-radi-
ator, you must add or subtract weight (clay or a
metal dust cap) from the radiator unti] you
reach fy.

3.54 ADDITIONAL PARAMETERS.
Calculate Ny Pm'(P)’ and P__ the same as you
would with vented enclosuves (Sectzon 2.8).

3.55 EXAMPLE DESIGN CHARTS.

The same two woolers used in the design charts
in Section 2.90 were used 1o generate Tables 3.2
and 7.3

Since Small’s design methodology specifies & =
o, find the PR's vequired excursion from:

V—p' = 7.5mm

Su

This is more than twice the excursion of the
driver, but is feasible for most high compliance
surrounds. If the PR were made from a 107
cone (S, = 3.3 x 1072 m?), the wavel would
decrease to 4.7mm.

As with the 8” example, your PR excursian
is 7.5mm. If you use a 127 PR, required excur-
sion is 5.3mm. TFor systems where & = ¢, the
requirecd mass to tune the enclosure to [y is
Lwice thal of the driver.

3.56 Q; MEASUREMENT.

As previously stated, passive-radiator system
losses are typically Q; = 7, so no other design
chart is required, To make a good check on a
finished design, however, recalculate Q, using
the same procedures described in Section 2. /0.
If Q; is much less than 5 or 6, you probably
have a box aiv leak ar possibly a driver, PR seal,
or dust cap leak.

TABLE 3.1
Qu=7
Passive-Radiator
QB3, By, and Cs
§ =«
QJS H a fy'fs

¢.2000  2.10 §.21 2.65
¢.2100  2.02 7.26 251
0.2200 194 6.38 2.36
0.2300 1.88 5.76 2.26
0.2400 1.82 5.20 2.16
0.2500 1.77 4.76 2.06
0.2600 173 4.33 1.98
0.2700  1.68 4.01 1.90
0.2800 164 3.65 1.82
02900 1.59 3.34 1.74 2.20
0.3000  1.56 3.08 1.67 2.24
03100 131 2.78 1.5 2.35
0.3200 1.48 2.58 1.53 2.44
0.3300 145 2.38 1.49 2.53
0.3400 1.42 2.20 1.44 2.6l
0.3500  1.39 2.06 1.38 2.67
0.3600 1.35 191 1.33 2.76
03700 1.33 1.80 1.30 2.84
0.3800  1.30 1.66 1.27 2.94
03900 1.2¢ 1.53 1.23 3.09
0.4000 123 141 1.19 il
0.4100 1.21 1.30 1.17 3.19
0.4200 1.19 1.22 1.14 3.25
0.4300 1.16 1.12 1.11 3.32
0.4400 1.13 1.03 1.08 3.38
04500 1.10 0.96 1.05 -
0.4600  1.06 0.87 1.01 -
0.4700  1.03 0.80 0.98 -
0.4800  1.00 0.73 0.95 -
0.4900 098 0.69 0.92 -
0.5000 095 0.65 £.90 -
0.5100  0.92 0.60 0.87 —
0.5200 090 0.55 0.84 -
0.5300 087 0.52 0.82 -
05400 0.84 0.48 0.79 —
0.5500  0.81 0.44 0.76 -
0.5600 0.78 0.39 0.72 -
05700 0.75 0.37 0.69 —
0.5800 0.72 0.33 0.67 -
0.5900 0.70 0.31 0.65 -
06000 068 0.28 0.62 -

Note: V, /V, is not given for values above
Q;=0.44 because the daia provided by Small's
compuler simulalion did not record past that
point. As already mentioned, however, high Q,
alignments with alpha close to 1 have definite
problems with transient stability (again, for § = o),
s0 avoid them anyway.

3.57 FREQUENCY RESPONSE VARIATIONS.
Sane as for vented-boxes (Section 2.110).

3.58 SUBSONIC FILTERING.
Same as for vented-boxes (Section 2.120).

3.59 DAMPING.
Same as lor vented-boxes (Section 2. 130).




TABLE 3.2 PASSIVE RADIATOR
LF S
8" WOOFER EXAMPLE YSTEMS
Qs Qs Qms fs Koo Sd(mll Vd(m3] V”(ftB]
026 028 395 32 35mm  2.15x 107 7.53%x 10 2.764
AL Vb f3 fg Vor Parp Mo Pe
ft3 Hz Hz m? watts SPL % SPL waltts
QB 0.64 64 56 1.6x 107 0.285 107dB 091 91.6 31
TABLE 3.3
10" WOOFER EXAMPLE
QJs st Qms fs Kmas Sd{mzl Vd{mjl Vu{ftjj
0.25 0.29 2.05 22 3.5mm 3.3x107 1.16x 10™ 7.51
AL Vb f3 fB Vpr Par‘(p) no Per
(2 Hz Hz m? walls SPL % SPL walts
QB 1.64 44 38 2.4x10? 0.15t 104dB 072  91dB 20.9

3.60 PASSIVE RADIATOR BANDPASS
ENCLOSURES.

Like vented bandpass encloswres, passive radi-
ator bandpass enclosures do not lend them-
selves 1o hand-calculator methods. Besides the
tedious cut-and-try methodology, the only
other way to design this type of enclosure is
through computer simulation. At the time this
edition was written, only two speaker design
programs were capable of simulating rear and
front chamber passive radiator bandpass enclo-
sures: Speak by DLC Design and LEAP 4.0 by
LinearX Systems.

Although there has been some work with pas-
sive radiator bandpass loudspeakers, such as
Laurie Fincham’s paper presevted at the 634
AES Convention tn 1979 (*A Bandpass
Enclosure,” AES preprint no. 1512), most com-
mercial designs have been of the vented variety.

One of the main disadvantages of vented band-
pass enclosures is the frent chamber pipe reso-
nances and standing waves transmitted through
the front port (illustrated in Chapter 1). Passive
radiators used it the front chamber, however, do
not suffer from the same malady, or at least not
to the same degree. The graph in fig. 3.11 com-
pares the response of a passive radiator rear
chamber/passive radiator front chamber band-
pass, to a passive radiator rear chamber/vented
front chamber bandpass enctosure. The simula-
tion is the same as that described in Chapter 2,
with the saine 127 woofer, and a 5.65f° rear
chamber and a 2.12{ front chamber. Both rear
chainbers were designed with a 127 passive radi-
ator (& = o), mass loaded to 104.4 grams, which
tuned the chamber to 20Hz. The front chamber
tuning is quite different for the 1wo devices, The
front radiator is tuned very close o the rear

SLM

3/8 in. HOLE — -

FIGURE 3.10: Tesl setup for finding drver paramelers.
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FIGURE 3.11

FIGURE 3.12

FIGURE 3.13

FIGURE 3.14
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chamber at 24Hz with 68.6 grams. The front
vent in the examnple is tned to 45Hz with a 67
diameter vent 10" long. The response shape is
similar, but the radiator version lacks the stand-
ing wave and pipe resonance anomalies.

Figure 3.12 comnpares the cone excursion
curves for designs, showing the excursion for
both bandpass enclosures to be about the same.
Figure 3.13 gives the group delay curves.
Comparing the front and rear chamber
drone/vent excursion, shown in Fig. 3.4, the

front vent excursion is greater than the front
radiater excursion, which simply reflects the
difference in surface area between the 67 vent
and 12" radiator. Driver cone velocity, shown in
Fig. 3.15, is somewhat greater at low frequencies
for the drone/vent combination than for the
drone/drone combination.

3.70 AUGMENTED PASSIVE RADIATORS.

3.71 DEFINITION.

The augmented passive-radiator (APR) is a twin
cavity variation of the normal drone cone con-
cept. It is capable of most of the vented and
APR systemns’ alignment variations. For a given
driver (Q,}, the APR will have a higher power
output rating, anc a 15-25% lower cutoff (up to
s -octave extension). The tradeoff for this sub-
stantial increase in low frequency range is a
20% increase in total enclosure volume.
Compared to normal PRs, the APR has better
transient performance and lower cutoff fre-
quencies. This occurs because the notch fre-
quency is lowered (o an out-of-band location ®”

3.72 HISTORY.

The APR is a relatively recent device, originally
patented in November 1973 by E. Hossbach.
Another variation was patented by Thomas
Clarke in February 1978. The design proce-
dures presentcd here are primarily based on
Clarke's JALS article (June, July/August 1981).
(Ser elso Speaker Builder 2/86. p. 20, -Ed.)

3.73 CONFIGURATION.

Figure 3.16 illustrates the unusual layout for
the APR. It consists of two unequal area PRs,
connected back-to-back, with the front baffle
joined to the inner dividing baffle. The radia-
tors arc made from surround-cone combina-
tions (usuwally available from professional
reconing stations) directly atached to the
enclosure without the use of metal baskets. V,
is from 33% to 75% of the total volume,
depending on the alignment type.

3.74 WOOTER SELECTION.
Same as for vented and PR systeins.

3.75 ALIGNMENTS.

While a variety of alignments can be generated
for the APR format, only the ftat response (B,
and the low ripple C, will be dealt with in this
text.

3.76 BOX SIZE DETERMINATION.

To determine box size for an APR, follow the
procedure for vented and PR systems. Start by
obtaining the following standard driver parame-
ters:

1. £ free-nir resonance
2. Q,, total @ of the driver, including scries
resistances




$. V., volume of air equal to driver compli-
ance

4. X,,.x amount of voice coil overhang in mm

5. §4 effective radiating area in square meters

6. V4 displacement volume of driver in cubic
meters

As with the other operating systems described
in this book, the best way to proceed is to gener-
ate a design chart showing atl the various calcu-
lated parameters for whatever alignment you
choose. You will notice design Table 3.4 is more
or less the saine as the vented and PR design
tables already presented. There are, however,
several new parameters you need to consider.

Defimition of Additional Terms:

1. o (alpha) equals the compliance ratio of
both V| and V,.

2. T (gamma) is the ratio of the area for the
two PR canes.
For I = 1.67, the following cone combina-
tions (in inches) will be appropriate:

8: 6.5
12: 8
15:10

The larger cone loads to the outside, while
the smaller cone connects the internal vol-
uInes.

3. Z (Epsilon) is the ratio of the driver enclo-
sure volume to total volume:

— V]
Vo

L

3.77 USING DESIGN TABLE 3.4,

Unlike vented and PR systems, design Table 7.4
includes no compensation for leakage losses. To
make things a little easier, the following equa-
tions have been adjusted to give an approximate

Q="

Rox Volume Ve =V, + Vy = Vay
.95a
V=V, xZ
V? = Vb - V]
Tuning Frequency f=1TIH x £
-3dB Point fy = LO9(f,/ 1)) x £,
3.78 MUTUAL COUPLING
OF DRIVER and APR.

Same as for standard PRs.

3.79 BOX TUNING PROCEDURES.
Same as for PRs {Section 3.53).

3.80 ADDITIONAL PARAMETERS.

Caleutate 1, P, ., and P | the same as for vent-
ed and PR systems. Note that P, is a much
more conservalive figure than that kor the other

types.

LB TIE Groph 8 Twansducer. Weloealy, Yodume Currenl | RMASE

LR S

0 Fraquincy

—— :PR Bandpnas Front Dione iW
~we cPH Bandpass Front Vant 1W

3.81 V. FOR APR SYSTEMS.

APR volume displacemnent is generally twice
the driver displacement votume. Since the area
of an APR is the sum of the two radiator cone
areas, the amount of required excursion should
not be a problem with mnost surrounds. Do not
be concerned with the radiators’ compliance
because they are chiefly determined by the V,
air-spring.

3.82 EXAMPLE DESIGN CHARTS.
The same two drivers used in Section 2.90 were used
to generate design charts in Tables 3.5 and 3.6.

For I' = 1.67 (8" woofer) and a given Vpl/Vd =2,
an APR composed of one 8" and one 6.5” cone
would be adequate. I[ P . and P seem low, Clarke
maintains the figures are conservative by a factor
of 2 or 3 times (20-30W P _).

TABLE 3.4
Q L=iI‘If.
Augmented Passive-Radiator
QB3 and C-l.
P=167 £ =040
le (04 H f1-"fs
[70.2000 3.20 1.75 1.85
0.2100 3.01 1.70 1.80
0.2200 281 1.65 1.75
0.2300 2.71 1.60 165 |
- 0.2400 2.42 1.55 155
| 0.2500 2.25 1.50 1.50
| 0.2600 2.03 1.49 _1.49
0.2700 1.84 1.40 1.40
0.2800 1.64 1.35 1.38
0.2900 1.45 1.30 1.25
0.3000 1.25 1.20 1.15
0.3100 1.18 1.19 1.13
0.3200 1.10 1.18 111
0.3300 1.03 1.17 1.10
0.3400 0.96 1.15 1.05
0.3500 0.89 110 0.99
0.3600 081 1.02 0.95
0.3700 0.74 1.00 0.90
0.3800 0.67 0.95 0.85
0.3900 0.59 0.87 0.80
0.4000 0.52 0.80 0.75
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FIGURE 3.16: Augmented
passive radiator (APR) dia-

gram.

FIGURE 3.17: Compound

APR diagram.
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TABLE 3.5
8" WOOFER EXAMPLE

Q(S QCS QITIS [S Xmax
0.26 0.28 3.95 32

AL Vb Vl Vz f_‘ fB
fts ft3 f12 Hz H:z

35mm 2.15x107?

Sapm’) Vaim’} Vas(f) r
75 % 10°° 2.76 1.67

Pal(p) no Pe,
walls SPL ) SPL watls

OB, 1.43 57 0.86 52 53

009 102dB 091 92dB 99

TABLE 3.6
10” WOOFER EXAMPLE

Qi Qes Qums f Xmax Sd|m2} Vd[msl Vas{flj] r E
0.25 0.29 2.05 22 3.5mm 3.3x10°% 1.16x107* 7.51 1.67 40
AL Vy v, A fx g Par(p) My P

ft? HE ft3 Hz Hz  walts SPL % SPL Walts
OB, 3.67 1.47 2.2 36 36 0.048 99dB 72 90.6dB 6.0

For I'= 1.67 (10" woofer) and a given V_ /V =2,
an APR composed of one 12”7 and one 8" cone is
satisfactory. Again, P and P ave quite conserv-
ative by a factor of 2-3 (13-20W P ).

V2 A

-\

X
X

S
/

3.83 MISALIGNMENT RESPONSE
VARIATIONS.
Same as for vented and PR systems.

5.84 SUBSONIC FILTERING.
Same as Section 2.120.

3.85 DAMPING.

You may apply minimum damping material to V,
for standing wave suppression. V, requires no
damping, but must be air tight {as Vl).

3.86 DUAL WOOFER FORMATS.

Although dual driver formats used in conjunc-
tion with the APR would be complex, all the
applicatons discussed in Section 1.90 apply. Of
particular interest is the use of the compound
dual woofer setup with an APR. The combina-
tion of the two yields a normal sized enclosure
with a superior f;. The normal box size occurs
because the compound V,  is half, because the
APR alpha is roughly half, and (in texms of “nor-
mal™sized vented and PR systems) because their
synthesis cancels out their mutual effects. Figure
3.17 depicts the physical layout for a compound
APR. Depending on your driver (Q) and box
dimensions, you may need to construct a short
Senotube tunnel on the inside PR.

3.90 ACOUSTIC LEVERS.

1999 saw the invention of a new class of passive
radiator bandpass loudspeaker®, the Acoustic
Lever?, thanks to the creative work of Dr. Earl
Geddes (see the references o Dr. Geddes' previ-
ous work on bandpass loudspeakers in Chaprer 1,
Section [.320 History). The Acoustic Lever is
almost a cousin of the augmented passive radia-
tor discussed in Section 3.70. If you look at the
drawing in fig. 3.18, the first thing you witl
nolice is that the Acousic Lever uses a dual cou-
pledt passive radialor with dissimilar piston arcas
(S,) for the two radiators, pretty much the same
as Thomas Clarke’s APR. However, here is whete




Vi V2

FIGURE 3.18: Diagram of Acoustic Lever (single lever).

the similarity ends. The APR uses the “lever” as
an auxiliary device in parallel with the driver like
a standard port and works primarily (o extend
the low end of the passband only, relying on the
driver’s divect radiation for the retnainder of the
bandwidth. Dr. Geddes Acoustic Lever uses the
“lever” device in series with the driver in such a
way that it acts to transform the radiating votumne
velocily, in soine ways rather similar (o a laminate
core wansformer as an electrical analogy, or a ful-
crum and bar as a mechanical analogy. This
means that when the outer radiator area is
greater than the inner radiator area, then the
output volume velocity of the Acoustic Lever will

be more than that of the ransducer as a ratio of
the radiator areas. From this it follows that an
Acoustic Lever with radiating area ratios of 2:1
will have an approximately 6d13 ainplification fac-
tor over the direct output of the driver, which is
indeed the case and is what makes the Acoustic
Lever such an interesting device.

Figure 3.19 (note: Figs. 3.19 and 3.2{-3.24 were
all suppliect by Dr. Geddes and produced using
Speak_32) shows a comparison of a standard pas-
sive radiator bandpass response to the saine dii-
ver in an Acoustic Lever type enclosure. A stan-
dard bandpass, as seen in 7. 3.20, will show a
decreased bandwidth with increasing efficiency.
As with all things, there i5 no free lunch, and
indeed the AL has its price to pay, and that is
somewhat greater volume. However, since one
can use high density fiberglass tc increase the
effective volume of an enctosure, the AL cham-
ber, V2 in Fig. 3.18, can be reduced considerably,
making the price for an extra 6dB efficiency fair-
ly reasonable.

There are a number of variables that conuol the
response of the “Acoustic Lever,” such as the vol-
ume and damnping of the lever chamber, V2, the
front chamber, V1, and the rear driver chainber, V.
Figure 3.21 shows that the velume of the lever
chamber, V2, directly conurols the low-frequency
response of the Al As V2 decreases in volume,
the AL low-frequency fy increases in frequency.

PASSIVE RADIATOR
LF SYSTEMS

¢B SPL
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FIGURE 3.19: Comparison of passive radialor bandpass enclosure
response (0 an Acoustic Lever with the same S wooler and passive

radiator (exterior lever radiator for tha AL).

¥

low-frequency response of the Acouslic Lever.

FIGURE 3.21: The effects of decreasing the lever chamber V2 on
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FIGURE 3.20; LEAP simulation showing the efficiency-bandwidth

tradeoff for a standard bandpass enclosure.

FIGURE 3.22: The effecl of decreasing the volurne of chamber V1 on
the low-frequency response of Ihe Acouslic Lever.
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Somewhat like a standard bandpass, the front
chamber, V1, controls the low-pass (upper fre-
quency) rolloff of the system. However, looking
at the graph in Fig. 3.22, you can sce that some-
thing very interesting is going on with the AL As
the volume of the coupling chamber {front cham-
her in a standard BP) is decreased, the band-
width increases, however, with only small
changes in output. As Dr. Geddes put it in his
AES article, a “designer’s dream.”

In terms of damnping the individual chambers
in an AL, these effects can be used in the final
“tuning” of an AL system. Since the low-frequen-
cy extension s dominated by the lever chamber
V2, increasing the damping in this chamber has
similar effects on the high-pass roli-off of the AL
systern (see Fig. 3.23) as increased “stuffing” does
in a standard scaled box systemn. Likewise since
the coupling chamber V1 dominates the low-pass
rolloff of the AL system, damping effects alter
the knee of the upper frequency roli-off as illus-
trated in Fig. 3.24.

Since this is a relatively new design concept,
there are no design tables to publish in order to
create an AL. However, the criteria for buitding
one are fairly straightforward. The formula, if
you will, is simply to design a standard sealed
rear chamber bandpass with a passive radiator.
The wwo front chamber sizes for the AL, V and
V1, will be the same as for the standard PR BP.
For a 2:1 AL type design, the weight of the lever
system will be ¥4 the mass of the PR in a standard
system. If the PR mass of the standard BP is 500
grams, then the lever system would be wned
with approximately 125 grams. The lever area of
the larger piston is twice that of the smaller one

::::::

TIGURE 3.23: The effect of increasing internal damping (more fifl
malerial) in chamber V2 of the Acoustic Lever.

of the AL, the larger piston) that is larger than
the transducer (i.e., for an 8” driver, use a lever
with approximately 6.5” and 10” diameter pis.
tons). As for the volume of the lever chamber V9,
the rule of thumb according to Dr. Geddes?, is
to make this chamber no smaller than the sum of
the two other volumes V and V1 (V2 2V + V1),
Again, V2 could be decreased in volume by fill-
ing the box with fiberglass as long as the material
does not interfere with the functioning of the
lever. For example, you could line the interior of
lever chamber V2 with Owens-Corning 703 fiber-
glass and partially fill the reamining area with
R19 type fiberglass.

There are also dual lever incarnations of this
device (cascaded levers are not viable) as seen in
Fig. 3.25. In this case, both volumes V and V3 will
effect the high-pass rolioff of the system.

Dr. Geddes asked me to remind readers that
the AL is a patented device and not strictly legal
to build, even for your own use, and absolutely
illegal to manufacture without a license. You can
simulate this unique type of enclosure with Ear]
Geddes' CAD design software Speak_32 (see
Chapter 9). Purchasing this program alse gives
the user a “license” o build one AL for personal
nse.
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FIGURE 3.24: The effect of increasing internal damping (more fill
material) in chamber V1 of the Acoustic Lever.
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FIGURE 3.25: Diagram of Dual Acouslic Lever using levers
on both front and rear radialing surfaces of the driver.
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CHAPTER FOUR Mr. Pablapa

TRANSMISSION LINE
LOW-FREQUENCY
SYSTEMS

4,10 DEFINITION.

Enclosed-box, vented-box, and PRs are all exam-
ples of enclosures which use various techniques
to manipulate the resonant peak inherent in mov-
ing coil loudspeakers. Transmission lines {TLs)
represent a class of supposedly non-resonart
enclosures. TLs are a class of the device that per-
forr as a phase inverter for the low-frequencies,
allowing the energy of the rear of the woofer
cone to be combined with the energy of the front
of the cone (which is the geal of a vented or PR
design), and simultaneously provide an approxi-
mately firscorder low-pass transfer function to
attenuate high frequencies'. However, al the out-
set, it is probably significant to note that trans-
mission line loudspeakers are not particularly
characteristic or analogous to an clectrical trans-
mission line. Electrical transmission lines gener-
ally are long in comparison to the wavelength
and minimjze standing waves caused by reflecied
energy. TL speakers are short compared to the
wavelength being produced and have horren-
dous resonant modes that require significant
damping (the inclusion of a seriousty resistive cle-
ment). A much better tevin for this class of loud-
speaker would be “Damped Line,” but at this
point { don't think the term DL is going to “catch
on.” This being said, transinission line speakers
can roughly be characterized by:

1. Low cabinet resonance

2. Relatively loud deep bass (below 50Hz)

3. Highly damped impedance peak

4. Decreased cone motion in the 40Hz region,
accompanied by increased subsonic cone
motion {as with vented, PR, and APR systems,
this problem is easily overcome will: an appro-
priate filter)

5. Low degree of mid-bass coloration

6. Low overall efficiency, somnewhat like acoustic
suspension sealed box speakers

7. High-pass roll-oft and group delay simiilar 10 a
well damped (Qy = 0.6-0.7) sealed box? ®

The TL has gained a moderate degree of success in
America, but is very popular in Britain, where its
design was pioneered. A ypical British TL (eatures:

[. KEF drivers

2. tapered urethane or long fiber wool damped

line

. acoustical undercoating on interior walls

. double wall cabinet consbruction

5. a speaker stand to jsolate the speaker from the
floor.

ESTC

Not all audio professionals agree on this design.
Martin Colloms, founder of Monitor Audio in
England, believes the TL performance is no bet-
ter than a properly-constructed vented enclo-
sure, and that it is difficult to achieve uniform
low frequency performance without exciting
coloration-inducing line resonances in the mid-
bass region.?

Despite an avid following among amateur
speaker bullders in the U.S., TLs have never
been popnlar among U.S. speaker manufactur-
ers, main stream or high-end. The last success-
ful US. speaker company that specialized in
TLs that T remember was Audionics which
had a series of folded line towers in the mid
"70s. Qver the last ten years 1 have designed
numerous well-reviewed home audio products
for a number of speaker companies including
Atlantic Technology, MB Quart, NEAR,
Parasound, Signet, Snell (when my friend
Kevin Voecks was running the engineering
deparument) and a few other well known man-
ufacturers [ arn not at tiberty to mention. Not
ounly have [ never offered or recommended
these cormpanies incorporate TL designs into
their product lineup, no one has ever even
asked. It's not that TLs cannot provide accu-
rate and musical botiom end sound quality,
because they do, but that the device does not
easily fit inlo modern manufacturing process-
es and is generally more expensive to huild
and significantly larger than other design
methodologies. The typical volume of a full-
size TL goes squarely against the current
trend in compact subwoofers such as Bob
Carver’s Sunfire product. It appears from the
lack of TLs used in commercial loudspeakers
that the marginal sound quality difference
between that and other well executed designs
is mostly not worth the cost or effort.
However, this often misunderstood device still
provides a fruitful pursuit for those questing
to have the very best loudspeaker ever pro-
duced, and I know there are still a lot of you
out there. For me, I still have memories of
TLs I was involved with in the "70s and the
solid tow-[requency sound one speaker in par-
ticular produced on the heact-beat in Pink
Floyd's “Dark Side of the Moon” (and no |
don’l believe “Dark Side ol the Moon” was
written to be in-sync with the sound track of
the Wizard of Oz movie). So white [ do not
incorporate this type of device into my con-
sulting practice. 1 have attempted to collect in
this chapter what [ feel is the most up Lo date,
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FIGURE 4.1: Comparison
of the measured SPL
output of an undamped
tapered, slraight, and
flared lines (reprinted
from the Chalmers Re-
port 74-35).

FIGURE 4.2:
Comparison of the
measured SPL output
of an undamped
straight line, single 90°
bend line, and folded
line (reprinted from the
Chalmers Report 74-
35).

FIGURE 4.3:
Comparison of mea-
sured SPL output for
an undamped straight
line, straight tapered
ling, folded tapered
ling, and Bailey lype
folded lap-

ered line (reprinted
from the Chalmers
Report 74-35).
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accurate and useful information to guide you
to the successful building of a TL.

4.20 HISTORY.

The antecedent to the present day transmission
line design was the original patent on the
Acoustic Labyrinth enclosure design authored by

22 ¢

22 ¢z

Fonstont htya = Wi oo

Benjamin Olney and described in his JASA article
published in 1986, This was incarnated in a
commeicial product by Stromberg-Carson from
the *50s up until shortly after WWIL The original
designs consisted of pipe length fixed to be about
25% of the wavelength of the driver free-air reso-
nance and a cross sectional about the same as the
driver S,. This “pipe” was then folded to produce
an acceptable shape that could fit into the
“American” living yoom of the era and become
an acceptable piece of furniture {oddly encugh,
an finportant design goal often line neglected in
the pursuit of the ultimate speaker). The AL was
lined with danping material, the idea being to fil-
ter out the upper frequency line resonance prob-
lems and then ideally combine the front and rear
energy of the woofer at the low frequencies.

Working with the same basic concept in the
early 1960s, A. R. Bailey experimented with dif:
ferent damnping materials and techniques in fold-
ed labyrinth lines.% 7 8 This work has since
become the basic bible for most TL designs.
Using Bailey's density criteria of 0.5 Ib/fi?, A. T.
Bradbury published his 1976 paper? which
described changes in the speed of sound for dif-
ferent types of damping material (fiberglass and
long fiber wool).

Following Bailey’s work and the success of sev-
eral commercial transmission lines (not o men-
tion the sirong interest in TLs among Speaker
Builder readers and other similar type publica-
tions worldwide) several attempts were made 1o
produce a Novak/Thiele/Small 1ype model that
would allow the compuer design of transmission
lines in a fashion similar to sealed, vented, band-
pass, and passive radiator loudspeakers. Two of
the most notable attempts were by Robert
Bullock'® and Juha Backman®. Dr. Bullock and
Peter Hillman met with some success in mathe-
matically modeling a TL and while the math was
twned into a software prograin (TL Box Model),
the authors’ own admission was that the model
did not do well in predicting low-frequency behav-
ior. Another significant step came with Juha
Backiman’s attempt to describe TLs mathematical-
ly. This attempt was certainly notable in its effort
to present a nodeling that included group delay
and cone excursion curves, but again, by the
author’s own admission, the work was never
emnpirically validated, plus the model also suggest-
ed that tapered lines raise the cutoff frequency of
the line, which is clearly not the case.

To this date, certainly the most impressive and
cinpirically validated work on transinission lines
comes from Ceorge Augspurger. George is a
well known industry professional who began his
loudspeaker carcer when he joined James B.
Lansing Sound Inc. in 1958, becoming manager
of JBL Pro prior to leaving in 1968 o form his
own company, Perception Inc. If you read the

JALS, George has written the patent review col-

umn for a number of years (this included a won-
derful sense of humor that is more than appro-
priate when writing about audio patents). Most
of the analysis and construction recommnenda-




fions in this section are from Mr. Augspurger’s
work on TLs!3:111213

4,25 TRANSMISSION LINE BEHAVIOR
and MODELING.

So exactly how do woofers perform when
placed in an open-ended tube? One of the best
studies done on transinission line behavior,
and one which I have never seen referenced in
literature on the subject, was written for an
engineering masters thesis by Sven Tyitand and
published in 1974 by the Chalmers University
of Technology, Goteborg, Sweden'. The
graphs and diagrams in fig. 4.1 show the
empirical comparison of three undamped
lines: a straight fine, a tapered line, and a
flared line (the solid curves are the nearfield
response of the woofer and the dashed lines
are the nearfield response of the line exhaust).
Two things are immediately apparent. Fivst, all
of these straightline variants suffer from reso-
nant response anomalies above 100Hz. Secand,
and most wnportany, is that line taper lowers
the g of the woofer in comparison o both a
straight pipe and a flared pipe. The flared pipe
would seem to be entirely undesirable as it
tends to raise the f; in respect to the pertor-
mance of a straight pipe. In terms of the upper
frequency response anomalies caused by a line,
folding the line seems to provide an imimediate
benefit aside from the obvious one of waking
the device more compact. This is illustrazed in
Iig 4.2 for two variants on a straight line. Note
that folding the line also interfeves with low-fre-
quency performance and increases the f{; fre-
quency marginally.

Figure 4.3 compares three successful TL vavi-
ants: a straight line, a tapered line, a simple
folded tapered ling, and a more complex fold-
ed line. None of these exainples contain fill
material, so the problem remains of how to
eliminate the upper frequency modes and reso-
nances that are transmitted by the line.

Arttacking the line damping issue, Mr.
Tyrland (see Fig. 4.4) experimented with a
three tube folded line analyzing successive iter-
ations of stuffing beginning with no stuffing o
several comnplex stuffing methodologies. The
solicg line is the line exhaust cutput and the
dashed line is the woofer cone output, both
measured nearfield. Obviously, as the line gets
more complex, the variery of ways to dawnp the
line and achieve different results makes this a
speaker tweaking dream.

What makes this data so mieresting, besides
the obvious one of explicating the effects of
different line considerations with and without
line damping, s that this study obtained very
similar results Lo George Augspurger's work
with TLs. Figure 4.5 shows the measurements
that were macle in 1999 of an offsel woofer in a
tapered tube. Note how closely the shape of the
two curves (e dark line ts cone nearlield out-
put and the Tight line is the line exhaust outpun
afso measured nearfield) compares 1o the

tapered line curves in Fig. 4.3 tor the Chaliners
study. While the shapes are the same, it is obvi-
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FIGURE 4.4
Comparison of Mea-
sured SPL outpuy for
various sluffing
methcdelogies inggr.
perated inlo & Bailey
slyle folded ang
tapered fine (reprinteq
from the Chalmerg
Report 74-35).
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FIGURE 4.5; Measured
response of an undamp-
ed offset line (reprinted

from AES preprint 5011).

FIGURE 4.6 Computer
simulation of the same
undamped offset line in
Fig. 4.5 (reprinted from
AES preprint 5011).
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ous that the resonant modes in the lines are
occurring at very different frequencies. The
Chalmers study used a KEF B139 woofer in a
78.75” line, while Mr. Augspurger used a 3”
woofer in a 28” line, which accounts for the fre-
quency differential of the line harmonic output
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that you arc observing. Mr. Augspurger alsg
notes that his results very closely mimicked the
results achieved by another thesis study in 1975
at the University of Sydney Electrical Engi.
neering department!®.

With a firm grasp of what a pipe does ip
terms of empirical results, Mr. Augspurger set
oul to come up with some type of computer
simulation that would not only predict behav.
ior, but would allow computer investigation
of the methodology. George's tack on this
departed significantly from previous failed
attempts at computer sinulation of TLs210,
Instead of trying to work with models that
focused upon air speed reductions due to stuff.
ing material and effective line length changes,
Mr. Augspurger started with the assumption
that a damped pipe can be analyzed as a horn
with losses. From here he adapted a basic
raodel of an analog electrical transmission line
developed by Bart Locanthi (Mr. Locanthi
passed away several years ago, but remains one
of the best speaker engineers of this era)f,
The results are impressive as can be seen in Fig.
4.6. Comparing this response simulation of an
undamped line to the measured line shown in
Fig. 4.5 shows a degree ol validity never
achieved by earlier attempts. To this was added
a fairly complex method of simulating the vari-
ous types of stuffing materials traditionally
used in TL construction such as fiberglass,
polyester fill, microfiber, and Acousta-Stuf®, a
nylon polyamide available from Mahogany
Sound. Combinced analysis of damping losses

e I I E—
= Froquency - kr 09 &

FIGURE 4.7: Computer simulation of an undamped
straight line {repr...ied from S8 2/00).
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FIGURE 4.9: Comguter simulation of a moderately
damped straight line {reprinted from S8 2/00).
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FIGURE 4.8: Computer simulation of a lightly
damped straight line ({reprinted from SB 2/00).

FIGURE 4.10: Computer simulation of a heavier
damped straight line {reprinted from SB 2/00).




included four empirical parameters: fixed loss-
es; the corner frequency of the variable losses
(frequency dependent tosses); the slope of the
variable losses; and relative sound speed
through the material. It is interesting to note
that Mr. Augspurger discovered that speed of
sound through the dammping material, a real
focus of most TL work done prior to this was
not a relevant control parameter and that
there is no direct correlation between pipe
length and stuffing density. It seems chat
everybody read Bailey's paper, whose conving-
ing assumptions made it a little hard to think
“outside of the box,” and all of us were pretly
much guilty of “chasing the wrong rabbit” as
George put it in his SB article!. Further, the
primary control parameter of transmission
line speakers is the Q. .¢ of the driver, with
pipe shape coming in a close second.

Armed with a simulation that reasonably
describes the functioning of a damped line, it
is now possible to simulate the effects of dif-
ferent stuffing densities. Figures 4.7-4.10 show
computer simulations of a small woofer ina 3’
pipe with progressively greater stuffing densi-
ties. As stuffing density increases, several
changes can be observed: the response gets
smoother as the material damps upper har-
monic anomalies; the exhaust port output
decreases in magnitude as density increascs;
and the impedance becomes progressively
damped. Analogous to a progressively over-
stuffed sealed box, as the density of stuffing
increases in the line, the knee (corner) of the
high-pass roll-off becomes more shallow and
fg increases (one can probably assume a
decrease in group delay at this point as well).

The results shown in Figs. 4.7-4.10 compare
well with the empirical results of iterative
types of stuffing in a more complex line
shown in Fig. 4.4 from the Chalmers study.
One caveat to this simulated and empirically
measured data has to do with actual system
response when placed in a room. Both the
nearfield empirical measured results in Fig.
4.4 and the system response curves in the
computer simulation in Figs. 4.7-4.10 assume
phase correlation between the cone output
and linc exhaust. nase correlation means
that both cone and exhaust are emanating
from pretty much the same point in space and
time. Both Mr. Augspurger and Mr. Letts sug-
gest that if the exhaust port is separated from
the cone output for any substantial distance,
the acoustic summaticn in a room will not
have predictable results. From this, you can
conciude that a folded line with fairly coinci-
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dent cone and exhaust port radiation may
have a different subjective sound guality from
a straight line whose cone and port are sub-
stantially non-correlated.

4.30 LINE DAMPING CONSIDERATIONS.
Previous empirical evidence suggested thal
shorter lines were possible with increased
stuffing densities'”, which is another way of
saying that shorter lines need increased stuff:
ing density to match the performance of a
longer line. Augspurger’s study also confirms
this. Afthough increased densities of line
damping material in short lines can be made
to produce the same transfer function (rate of
frequency dependent attenuation) as lesser
densities in Jonger line, this is not the primary
control over cutoff frequency. Figure 4.11
shows a computer simulation comparison of a
1 1b per &2 density ina 6 line versus 3 Ib. per
fi>in a 8 line. As can be seen, the results are
nearly identical, however, path length is the
dowminant factor and can not be compensated
for with speed changes due to increasing stuff-
ing densities. The important conclusion made
in this study is that the line cutoff, f,, will
occur between 0.7 and 1.4 times the line reso-
nance, fl,, of the undamped line. Further,
adjustments 1o response are better accom-
plished by changing driver parameters, not
stuffing densities.

Since stuffing density relates primarily to
damping the passband response anomalies
(ripple), it would then be possible to provide
an equivalent stuffing density criterion that
establish the density requirements for various
type materials that would result in approxi-
mately the same response. This Is exactly what
was done and a comparison of the different
material densities for different line lengths to
produce the same acceptable level of ripple
(x1cB) is given in Table 4.1, This data was
empirically confirmed for fiberglass, polyester

TABLE 4.1

LINE LENGTH F, ACOUSTA-STUF
24" 140tz 1.70

36" 941z 1.30

48" 71Hz 1.00

72" 48Hz 0.75

96" 36Hz 0.50

POLYESTER FIBERGLASS MICROFIBER
1.80 0.90 0.65
1.40 0.70 0.55
1.16 0.60 0.45
0.85 - 0.55
0.65 - 0.27

TRANSMISSION
LINELF
SYSTEMS

FIGURE 4.11: Computer simu-
lation showing the transler
functlion difference between
a 1 b density Acousta-Stuf
filled 6 pipe and 3 Ib density
Acousta-Stuff filled 2’ pipe
(reprinted from S8 3/00}.
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FIGURE 4.12: Measured trans-
fer function difference be-
tween 1 |b Acousta-Stuf and
0.5 Ib density R19 fiberglass
in a &' pipe (reprinted from S8
3/00).

FIGURE 4.13: Typical imped-
ance plot for tuning a trans-
missicn ling.

FIGURE 4.14: Transmission
line formals used in lhe
Augspurger sludy (A =
Tapered; B = Coupled
Chamber; C = Olfset).
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fill (Dacron), and Acousta-Stufl (to a lesser
extent with Microfiber) and is valid for
tapered, offset, and coupled chamber type
lines. This data was not confirmed for simple
straight lines.

While the line stuffing densities in Table 4.1
are approximately equivalent in terms of sup-
pressing upper harmonic levels, each of these
materials will provide a different frequency
dependent attenuation of the rear wave of the
woofer. Figure 4.121 shows a measured re-
sponse comparison depicted as a normalized
transfer function done in the Augspurger
study for fiberglass and Acousta-Stuf with
obvious variances in the frequency response.
In terms of anecdotal experience, long-fiber
wool has always been the weapon of choice for
experienced TL builders, with Acousta-Stuf
coming in as a close second, while Dacron and
fiberglass generally reported to provide inferi-
or results in terms of subjective sound quality.
Given the nature of "anecdotal” evidence and
its typical inconsistencies, it's hard to make a
valid statement about the subjective nature of

IMPEDANCE —
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these materials other than to say that each of
these materials will have its own subjective
sound quality. In termns of pure application,
iong fiber wool is generally not easily available
and difficult to work with, while fiberglass is
also a somewhat itchy material to use. This
leaves Dacron and Acousta-Stuf that are rela-
tively easy to install.

As can be seen in Fig. 4.4, the variations in
the ways to stuff a TL are many. Damping
material can be suspended on dowels or nylon
cord in the hody of the line, or the surface of
the line, such as the urethane foam damped
lines from several manufacturers in the UK,
(foamn was not mentioned as a line damping
material in the Augspurger study). The other
most comnon line stuffing variation has to do
with changing the density along the length of
the line. Typical formats include lighter densi-
ties behind the woofer progressing to full den-
sity at the exit (resulting in a constant resistive
loading over a broad specirumy}, or more com-
monly, to leave the last 20% of line length
undamped. Final tuning then amounts to
adjusting the stuffing density of the last few
feet of the line, often seen in simple two tube
folded tapered lines. This is usually done sub-
Jjectively along with perhaps successive imped-
ance curves to get some indication of damp-
ing {see Fig. 4.13).

4.35 LINE SHAPES.

The second part of Mr, Augspurger’s study
included looking at variations in line types.
Although he didn’t cover all the variations I
have seen over the years, his data confirmed
the utility of the most commonly used for-
mats. These, shown in Fig. 4.14, are the
tapered line, coupled chamber line, and offset
driver line. The tapered line has found wide
application in manufactured TLs and its easi-
est incarnation is a tower with an offset inner
baffle as shown in the diagrain in Fig. 4.15
“c”. Augspurger’s work recommended a taper
variation of 1:3 to 1:4. The taper used in the
Chalmers study shown in fig. 4.3 has a taper
ratio of about 1:4.4. Looking at the graph in
Fig. 4.16", again from the Chalmers work,
you can see the result progressing from a
straight pipe to increasingly smaller exhaust
ports from the resulting increase in taper
ratio in an undamped line. The effect is pret-
Ly easy 10 see. As the taper ratio increases, the
fy decreases in frequency while the efficiency
goes down. In this comparison, f; went from
36Hz to 29Hz with the loss of about 2dB for a
1:4.4 (aper ratio. Also appavent is a decrease
in the height of the harinonic resenance at
1256Hz, also beneficial.

Augspurger’s study assumes a beginning
line area within probably 25% of the S of the
driver. Previous anecdotal work has varied the
beginning area from 1.25 to 2.5 tiines driver
Sy with reparts of different subjective sound
quality for the changes'®. Although M.




Augspurger has given a unified methodology
for creating successful lines, other taper ratios
and initial line arveas are certainly worthy of
consideration and experimentation.

A coupled chamber type line {type B in Fig.
4.14) has described a number of successful lines
over the years and a typical incarnation would
resemble the box lettered “e” in Fig. 4.15 (this
also combines a tapered line). Loading the dvi-
ver inte a siall chamber provides an additonal
6dB low-pass filter that further attenuates the
upper harmonics genervated by the line.
Augspurger’s suggestion is to make this voluine
aboul ¥ of the total line volume.

The last enclosure variation investigated in

this study was the offset type line. In this case
the woofer drives the line fromn a distance
between Y2 to ¥ of the line from the line
beginning, similar to the box drawing “c” in
Fig. 4.14. At a % offset, driver fr51 is set to be
about 20% higher than the line f,!? for a nom-

inally flat frequency response.

4.40 TL ALIGNMENT TABLES.

Using the software developed as a resutt of
this project, Mr. Augspurger derived a set of
alignment tables that are for specific line
tvpes. Two alignmenl groups are offered, a
standard alignment resulting in more compact
lines where {5 1s higher than fy,, and a group of
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FIGURE 4.15: Examples of
various lransmission line
formats.

FIGURE 4.18: Comparison
of measured SPL output
of a straight line, a 2.2:1
tapered line, and a 4.4:1
lapered line (reprinted
from the Chalmers Re-
porls 74-35).



LOUDSPEAKER

102

DESIGN
COCKBOOK

larger volume lines with lower fys for a given
driver Qg about ¥ of an octave for tapered
lines and % of an octave for coupled chamber
lines. Ratios that are used to determine cutoff
frequency, line length, and line volume are
given in Table 4.2 for Augspurger’s Standard
alignments and Table 4.3 for his Extended
alignments. Each alignment set offers three
different Qg choices. Obviously for points in-
between, interpolation is appropriate.

For an example, an 8” KEF B-200 has a Q¢
of 0.41, fS = 25.0Hz, and a V.qs of 131 ler.
Using the Extended Alignment Table 4.3, f3/f;
= 1.3, s0 f;= 1.3 x 25.0 = 32.56Hz, which is not
bad considering the shallow rolloff of a TL.
The nominal % wavelength resonance fre-
quency of the line i5 also presented as a ratio
to either fy or [g. Using either ratio yields a f,,
of about 41Hz. Since TLs are fairly forgiving
devices, you could interpolate a line length
from Table 4.1 to be 84" with an approximate
stuffing density of 0.6 Ibs per square foot of
Acousta-Swf, or just go with the next longest
length and it will probably work just [ine.
Total line volume is determined by the ratio o
Vg of the driver. In this case the Vg of the
8" B-200 woofer was 131 ltr, and the rauo
from Tuble 4.3 15 0.6, so the line volume will
be 131/0.6 =218.3 Itr, or 7.71ft%. The opening
area of the pipe would be 16” x 16” with a 4.0”
% 16" exhaust port, so this is a pretty large
device, even if the line is folded. An f; of
38Hz can be had with the same driver {with
the limited dynainic range characteristic of
this woofer) in a 2.0ft*> sealed box (Q¢ =

0.73), so the TL version is a lot of work for
that extra 5.5Hz. You really must like the sub.
jective sound quality of a TL to make it worth
the effort.

4.50 CONSTRUCTION ARTICLES.

This current chapter on transmission line con-
struction relies heavily on George
Augspurger’s methodology, much in the same
way the sealed and vented chapters rely on
Neville Thiele and Richard Small.
Transmission lines, however, have a wider vari-
ety of possible variations. Mr. Augspurger’s
work covers a Jot of TL territory, but you may
wish to investigate other “prior art,” to look at
some of the successful designs that have
appeared over the years.
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CHAPTER FIVE

CABINET CONSTRUCTION

SHAPE AND DAMPING

5.10 ENCLOSURE SHAPE
AND FREQUENCY RESPONSE.

The majority of lowfrequency cabinets are rectan-
gular in shape. This not only makes for reasonably
aesthetic-looking loudspeakers/furniture, but is
the easiest shape 1o construct for both amateur and
manufacturer. The rectangular loudspeaker enclo-
sure is, however, often judged less than optimal as a
radiating surface because of edge diffraction issues
and also less than optimal regarding internal stand-
ing wave modes.

A. The Olson Loudspeaker

Enclosure Shape Study

Harry Olson’s 1951 JAES article titled “Direct Ra-
diator Loudspeaker Enclosures” is the classic work
illustrating the effect of enclosure shape on cabinet
diffraction. The article described a study done to
determine the effect of different shapes on the fre-
quency response of a speaker. Twelve shapes were
used, which included a sphere, a hemisphere, a cyl-
inder with the driver mounted in the end, a cylin-
der with the driver mounted on the curved surface,
a cube, a recrangle, a cone (driver mounted in the
tip), and cdouble cone, a pyramid (the driver mount-
ed in the up). a double pyramid, a cube with bew-
eled edges (the bevel equal to the width,/height of
the baffle), and a rectangle with beveled edges (the
bevel equal to the width of the baftle). A % "driver
was mounted on each enclosure and measured in
an anechoic chamber. The results showed the dif-
ferent shapes provided anywhere from a nearly
flat response to a constantly undulating one with
a £5dB variation. The various shapes and thetr as-
sociated on-axis curves reprinted from Mr. Olson's
AES articles are shown in Fig. 5.1. A summation of
the SPL variations from the varicus cabinet shapes
that might be practically used in loudspeaker de-
sign follows:

Shape Variation
Sphere +0.5dB
Cube +hdB
Beveled Cube +].5dB
Rectangle +3dB
Beveled Rectangle +1.5dB
Cylinder +2dB

From this, it 15 obvious that an enclosure in the
shape of a sphere gives the least amount of “ripple”
in the response. While this is good news, the sphere
is a somewhat difficult shape to manufacture and
there have never been many exanples to reach the
market, a few exceptions being the Gallo Acous-
tics Micro, the Morel Soundspot, and the satellite
speakers from Orb Audio. While Dr. Olson’s is still

Mr. Pablapa

the best study of its type, and indeed reveals much
about enclosure shape and the resulung SPL, i
has limitations in terms of both dviver location vs.
SPL, as well as not including some other enclosure
shapes that have become popular over the years
since 1951. This fact prompted me Lo undertake a
second study in enclosure shape that takes up some-
what where Dr. Olson left off.

B. Olson’s Enclosure Shape Study Extended

Since the publication of the Gth Ldition of the
Loudspeaker Design. Cookbook, LinearX has released
the Windows version of LEAP, LEAP 5. One of the
many important new features of this software was
the additon of a very powerful diffraction engine.
The analysis mode for the box design part of LEAP
5, titled EnclosureShop, now includes what is liter-
ally an anechoic chamber in your computer. With
the ability 1o accurately simulate up to 8th-order dif-
fraction, LEAP 5 can quickly perform extensive dif-
fraction analysis on a variety of shapes as well as be
able 1o locate the wansducer anywhere on the bak
fle surface, making this extended enclosure shape
study much easier to undertake.

The shapes studied include some of the same
ones done in Dr. Olson’s original 1951 paper plus
a few that weren’t on Harry's list. Included in this
2005 study are a cube {157 x 15" x 15"}, a beveled
cube with 2" bevel, a beveled cube with & 47 bevel,
arectangle (18" x 12" x 9"}, a beveled rectangle on
four sides (Olson’s was only beveled on three sides)
with 27 bevel, a beveled rectangle on four sides with
4" bevel, a pyramicl with the driver tocated on a fac-
et (Olson's were located on the apex) (187 height
with 4" width at top and 107 width at the bottom),
a cylinder {18" height, 16" diamewer), a sphere
(16" diameter) and an cgg-shaped enclosure {18”
height, 14" diameter).

If you look at the shapes in fig: 5.1, you will notice
that the driver was located in the center of square-
shaped types, the sphere, and the cylinder, and at
different tocations between the center and top of
the enclosure on rectangles. [ have also chosen to
ignore the shapes in which the driver was located at
the apex in this section because they are either not
likely to be used as a commercial speaker enclosure
or never have been to my knowledge. Because loca-
tion of the driver on the baffle has such a strong ef-
fect on the response smoothness (this is investigal-
ed extensively in Chapter 6), T decided to include
more than one driver location for each shape so as
to better investigate the use of this shape for the dit-
fevent driver formats heing used today.

Since Dr. Olson was trying to define the SPL re-
sponse across the relevant frequency range, he de-
signed a very special driver that had a response froin

CABINET
CONSTRUCTION

105



LOUDSPEAKER  pe)ow 100Hz to above 4kHz, but that had a power  SPL of the unique device he designed for the study,
COO?(%%S? (combined off-axis) response that would not affect  you can assume that the SPL was very low 50 as not
the results by “beaming” at the higher frequencies.  to cause the tweetersized woofer to overexcurse and
The %" cone driver he used was essentially a min-  distort at low frequencies. Since 1 did not have data
jature woofer that could produce energy at 100Hz.  available on that pavticular unique transducer, I in-
Although Mr. Olson never published the absolute  stead substituted two drivers, a 2" wide range cone
driver and a 1" dome tweeter. Between these two
A drivers, you can get a very good idea about what is
@ @ happening with each of these enclosure shapes.
FIGURE | .~ [ g Y Each shape was used to produce four SPL curves,
51A(Nght) | 2 21—} | 3 one curve for each of the two drivers at the two dif-
andB | 2 1 1l 11T ferent baffle locations. The two locations were de-
{below). After % : _ ‘ 5" | T1 |11 T fined as mounting the simulated driver mid point
Direct Radiator | & | | | 1] j m: I D in the center of the baffle for the one reference
Loudspeaker B Fivny, o TR T S ke R0 2D 12004000 point, and the other location at the top of the baf-
(H::(;k:;:;?' @ 8 fle, centered berween the ri.g_ht and left sides of the
JAES, Novem- | = L . [ ! [ enclosure. The center position was used because
ber 1951). g,cr__ | | 3 e 14 1 1] 8. ' _ | |_|_ j_| many of the current woofer-tweeter-woofer {often i

: | /A /}bﬁ s g . referred to as the D'Appolito configuration for Dr.
gn A5 I 5 s, o I 10 s o S BN Joseph D’Appolito, who Frst published this design
;,L ! | | V .__.___!_.A‘ ¥, ! [ L] L1 concept in Speaker Builder magazine) designs usual-
g '—,L—r',!,‘,,w e im,lw‘m o) Jw e m»gjc; Tsao‘:.laaj.m ly have a driver located at the center of the baffle.
e i - bk The second location at the top of the baflle was
{ used because it is a typical Jocation for nveeters.
. — The exact location at the baffle top was roughbly far
2 g_o[i, 2 I,_ Jr enough from the baffle edge to allow for a grille

z I TN N 18 S = frame (o be installed.
4 8 T TR L] Pictures from LEAP 5 for each shape and baf
2, E g —1d fle location can be seen in Figs. 5.2 through 5.19
s ,L.L Ty goowny oo Tosmaton S WLWL e waemes | (these are for the tweeters only; however, the 27

FREQUENCY IN Hz FREGUENCYIN HZ

full-range was placed in the exact same baffle loca-
tions). Because there is only a center position for
a sphere- or eggshaped box, only one baffle loca-

3 1
2w 3, tion was used for each of these two shapes. You
z x . .
o u will also notice that some of the shapes appear to
§o 5 be faceted; however, this is a necessary part of the
I} w ! '
g : i e technology employed in LEAP 5 that enables the
TR R weaiae  wes 1o e e TRE e memass wewewe | software to analyze these shapes.

FREQUENCY IN Hr FREQUENC Y i He i . i
Before considering what each of these different-

shaped cabinets does to alter the SPL of a driver,

s bt g” we need to establish some kind of reference with

=L | z” which 1o judge all the changes that can be ob-

%o;_ % D served. The' choices woqld be to l_ook at the driver

8 | 5 mounted with no baffle in open air or mounted on

N 0 ) e to an infinitely large baffle. Whatever any baffle does
00 100 300 KO 400 800 K 000 300 4000 (T

to a vansducer’s overall SPL, it will fail somewhere
between these two exuemes.
Figure 5.20 shows the 17 tweeter (solid curve)

=
FREQUEMCY 1N HI

EE -

20 ’ I_I | g, = and 2” cone full-range (dashed curve) suspended

Pl e TN A ;, . in open air (anechoic) with .10 balfle, and Fig.

?o 5, | 3.21 depicts the response of the same two devic-

¢ EaL ' o es mounted on an infinitely large baffle, which
T T T TR0 o L oL)y L is the same as saying they are being measured in

x Pk T 1.:5:-:..-_49_:: 1060 1553 4000 K
sl FiHREnar il half space {note, all data simulated at 2.83V/1m
on-axis). As you can see, when mounted on an
infinitely large baffle, the response is substantially

B
flattened out and the anomnalies becomne washed
— out by the full-range reflective nature of the baffle.
a 5 - _ . K As you go through the various examples, it wili be
F G ] 1

helpful to keep these two extremes in mind.

Each of the different shapes except for the
= sphere and egg-shaped enclosure have four curves
L placed on two graphs, one graph for the 17 nveet-
er with the SPL generated at 2.83V/1m on-axis at
both the tep (dashed curve) center baffle loca-
tion and the center middle baffle location (solid
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curve), and the same presenta-
tion for the 2” cone full-range
driver in the second graph. The
sphere and eggshaped box

have only one graph with both Cube

the 1" dome (solid curve} and Cube 2" Bev
9“ cone (dashed curve) on the Cube 4" Bev
same scale. This graphic series Reclangle
is depicted in Figs. 5.22-5.39. Rect. 2° Bev
The data shown in Tables [ and Regt. 4" Bev
2 summarizes the SPL range Eylrlf:]’ge":
for each of these. Because the Sghere
tweeter begins to rolloff below Ego

1.95kHz, its data was calculated
in two ranges, 1kl1z-10kHz and

1 Soft Dome TkHz-10kHz

Center Top

473 3.29
3.33 2.7
2.54 2.65
3.09 222
2.33 272
3.05 3.89
1.76 2.78
2.82 2.60
2.72 NA

2.18 NA

Table I. I “Dome SPL dB Variations for Different Enclosure Shapes.

1 Soft Dome 2kHz-10kHz

Center Top

1.99 115
333 1.32
2.54 0.92
1.64 1.84
1.90 1.83
1.71 1.38
1.49 1.18
0.81 0.78
1.1 NA

0.55 NA

9kHz-10kHz, and given in Ta-
ble 1. The 27 full-range driver was examined from
500Hz to 10kHz, with the data displayed in Table 2.
There are some general conclusions to be drawn
from this. First, a word of caution, the SPL data for
this type of study can vary substantially by the choice
of dimenstons, so no natter what, the best you can
hope for is to observe some general trends. That
said, the following can be concluded from these

graphs:

1. Cubes have the most SPL variation, followed by
the standard rectangle, pyramid, egg shape, cylin-
der, and finally the sphere.

2. Beveled edges do decrease SPL variation, but it
takes a substantal bevel to be really effective.

3. While a sphere may be the best performer in
terms of minimal SPL variation, egg-shaped and
cylindersshaped enclosures are also quite good in
this respect. You will notice a drawing in Chapter 6
of a cylindrical-shaped dual enclosure loudspeaker.

Cube

Cube 2° Bev
Cube 4" Bev
Rectangle
Rect. 2" Bev
Rect. 4" Bev
Pyramid
Cylinder
Sphere

Egg

Table 2. 2" Full-Range SPL dB Variations for
Different Enclosure Shapes.

2" Fuil-Range 500Hz-10kHz

Center
4,35
322
2.82
3.03
2.05
1,13
2.7
1.29
1.08
151

Top

2.22
1.92
1.20
2.26
2.28
1.60
2.30
1.15
NA

NA

This drawing 1s a representation of a loudspeaker
I introduced with my first company, SRA (Speaker
Research Associates) at CES (Consumer Electronics

Showj) in Las Vegas, 1978.
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FIGURE 5.2: Cube Enclosure
(driver cenler).

FIGURE 5.3: Cube Enclosure
{driver top).

FIGURE 5.4: 2" Beveled
Cube Enclosure (drver

cenler).

FIGURE 5.5: 2" Beveled
Cube Enclosure (driver lop).
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FIGURE 6.6:4”
Beveled Cube Enclo-
sure {driver cenler).

FIGURES.7: 4"
Beveled Cube Enclo-
sure (driver top).

FIGURE 5.8:
Rectangle Enclosure
(dnver center).

FIGURE 5.9: Rectangle
Enclosure (driver lop).

FIGURE 5.10: 2"
Beveled Reclangle En-
closure {driver center).

FIGURE 5.11: 2"
Beveled Rectangle
Enclosure (driver top).

FIGURE5.12: 4" Bev-
eled Rectangle
Enclosure (driver
cenler).

FIGURE 5.13: 4"

Beveled Reclangle
Enclosure (driver top).
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4. Pyramid-shaped enclosures are not appreciably
better than rectangle box-type enclosures.

§. Drivers mounted near the top or bottom of
an enclosure have substantially less SPL variation
than drivers mounted in the center. This will be
investigated in much greater detail in Chapter 6, in-

cluding a subjective study of this type of diffractioy
phenomenon.

Besides the simulated data shown in this enclg: I
sure shape study, [ also published an empirical logk
and the difference between standard enclosureg

St vt

E P ey ol =
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[T =
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and a more exotic enclosure in Voice Coil magazine.
The October 1990 issue featured a comparison be-
wween & reclangularshaped enclosure and a flat
paffled cylindrical shape, shown in Figs. 5.40 and
5.4] (drivers were not inset on either enclosure).
The flat-sided cylinder is manufactured by Cubi-
con, who makes geometric cardboard shapes for
the furniture, display, and rhe speaker industry.
The response differences shown in Fgs. 5,40 and
541 are not very dramatic for either the tweeter
TESNONSE O the woofer response (the woofer test
was made without enclosure fill material, so part of
the deviation is due to unsuppressed internal stand-
ing wave modes), but some dewviation is apparent.
The measurement was done with the MLSSA FFT
analyzer and is windowed at 10mS, making the mea-
surement essentially anechoic in nature. The data
was moved from MLSSA into LEAP 4.0 to facilitate
PostScript printout.

Since the anechoic measurement of these two
different-shaped enclosures is so close using iden-
tical drivers, a subjective judgment of which shape

“sounded” best in a roomn would be difficult. The
final subjective response to any enclosure is influ-
enced by the location of the speakers on the baffle
and the way in which the various response variations
in the driver combine with the variations caused by
whatever enclosure diffraction cffects are subjective-
ly apparent in the listening environinent. Although
exotic enclosure shapes would seemn intuitively to
offer some of the best alternauves, the reality is that
itisn't critically as important as has been claimed by
some manufacturers. [t remains true that some of
the best reviewed and successfutly markered loud-
speakers used sunple rectangular shapes.

One thing that many loudspeaker companies
have ignored over the years when designing ofl-
wall loudspeaker enclosures is that loudspeakers
are more than just sonic reproducers, but also a
piece of furniture that will ultimately have 1o reside
1 someone’s hone. A good example of this is the
Spica Angelus from the 1980s, a loudspeaker design
optimized for minimal diffraction, but undoubtedly
also with a very low WAF (Wife Acceptance Factor)

Mo I bl e by G P s e asiay e
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FIGURE 5.14: Pyramid
Enclosure (driver cenler).

FIGURE 5.15: Pyramid
Enclosure (driver top).

FIGURE 5.16: Cyhnder
Enclosure {driver center).

FIGURE 5.17: Cylinder
Enclosure (driver top).

FIGURE 5.18: Sphere
Enclosure {driver cenler).

FIGURE 5.19: Egg
Enclosure (driver lop).
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FIGURE 5.20: Frequency
response of 2" cone woofer
(A) and 1” dome tweeter (B)
simulated wilh no bafile.

FIGURE 5.21: Frequency
response of 2" cone woofer
{B) and 1" dome lweeter (A)
simulated wilh infinile bafile.

FIGURE 5.22: Frequency re-
sponse for cube enclosure with
1" dome tweeler (A= lweeter
mounied center; B = lweeter
mounted top).

FIGURE 5.23: Frequency
response for cube enclosure
wilh 2 woofer (A = wooler
mounted center; B = wooler
mounted lop).

FIGURE 5.24: Frequency
response [or 2" beveled cube
enclosure wilh 1" dome tweeler
{A = tweeter mounled center;

B = twester mounted top).

FIGURE 5.25: Frequency
response for 2" beveled cube
enclosure wilh 2~ woofer
{A = wooter mounied center;
B = wooler mounted 1op).

FIGURE 5.26: Frequency
response for 4~ beveled cube
enclosure with 1" dome tweeler
(A = tweeler mounted center;

B = tweeter mountad top).

FIGURE 5.27: Frequency
response for 4 beveled cube
anclosure wilth 2" wooler

(A = wooler mounted center;
B = woofer meunted top).

FIGURE 5.28: Frequency
response for rectangle enclosute
wilh §” dome tweeler
{A=tweeler mounled cenler,

B = tweeter mounted top).

FIGURE 5.29; Frequency
response (or reclangle enclosure
wilh 2" wooler (A = wooler
mounied center; B = woofer
mounted lop].
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because of its unusual shape. However, there is no
question that diffraction is certainly measurable us-
ing a single point microphone measurement, but
the implication is generally that this has a negative
effect on sound quality.

All the data presented here and presented in
Harry Olsen's 1951 study of SPL variation and en-
closure shape is done on-axis. 1f you think of baffles

as being analogous to the reflector on a flashlighy,

then indeed, baffle diffraction is primarily an on.
axis phenomenon that is diminished off-axis' and
certainly somewhat swamped by the ambient field
produced by placing the loudspeaker in a room.
Although often thought of as strictly an on-axis
event, the effect on the horizontal and vertical
polar response is also relevant and will be further
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considered as this diffraction study centinues in
Chapter 6.

5,20 MIDRANGE ENCLOSURES,

You will face two major considerations when config-
uring a midrange enclosure: the type of enclosure
you will use, and how to minimize internal reflec-
tions. Your enclosure will be determined by the

crogsover frequency and network slope you have
chosen. If the crosspoint is above 300Hz, if you
have kept the driver resonance one to two octaves
below the crogspoint (which would require a mini-
mum midrange cavity resonance of 75-150Hz), and
if you use a second-order or higher low-pass filter,
the driver will not be operating significantly in its
piston range and a simple sealed enclosure will be

5.30
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FIGURE 5.30: Frequency re-
sponse for 2” beveled reclangle
enclosure with 17 dome tweeter
(A = tweeler mounted cenler;

B = tweeter mounted top).

FIGURE 5.31: Frequency re-
sponse for 2" beveled raclangle
enclosure with 2" wooler

{A = woofer mounled center;

B = woofer mounted top).

FIGURE 5.32: Frequency re-
sponse for 47 beveled reclangle
enclosure with {” dome tweeter
{A = tweeter mounted center;

B = tweeter mounted top).

FIGURE 5.33: Frequency re-
sponse for 4" beveled reclangle
enclosure with 2 woofer

(A = wooler mounted cenler;

B = wooler mounted lop).

FIGURE 5.34: Frequency
response lor pyramid enclosure
with 1" dome tweeler

(A = tweeler mounted center;

B = tweeler mounted lop).

FIGURE 5,35: Frequency
response for pyramid enciosure
wilh 2 wooter (A = woofer
mounted center; B = wooler
maunted lop).

FIGURE 5.386: Freguency
response lor cylinder enclosure
wilh 1" dome tweeler (A =
[weeler morted center; B =
lweeler mounted lop).

FIGURE 5.37: Frequency
response for cylinder enclosure
with 2" woofer {A = wooler
mounted center; B = wooler
mounled top).

FIGURE 5.38: Frequency
response lor sphere enclosure
(A=tweeler, B = 2" woofer).

FIGURE 5.39; Frequency

response for egg enclosure
(A = tweeler; B = 2° wooler).
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FIGURE 5.42:
Avariety of
midrange
enclosures.

adequate. If the crossover frequency is 100-300Hz
(or lower than 450Hz using a first-order low-pass
filter), the driver will be at least partially operating
in its piston range, and will benefit from a properly
optimized low-frequency enclosure (fig. 5.42).

You can use a vented enclosure or trausmission-
line configuration if your driver resonance is at least
two octaves below the crossover frequeucy. If your
driver euclosure resonance can be only an octave
or less from the crosspoint, a sealed enclosure, with
its shaltow rolloff, will cause less phase disturbance
in the low-pass filter stopband (the region where fil-
ter attenuation takes place). In other words, if you
cannot get an enclosure yesonance from a TL or
vented-type configuration at least two octaves be-
low the crossover frequeucy, use a sealed enclosure.
The benefits of using the TL and veuted enclosure
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include less rear reflection {in the case of the TL),
and less midrange cone excursion, with less Dop-
pler distortion (veuted).

All types of midrange enclosures, except the TL,
will benefit from an enclosure with nen-parallel
walls, because it will minimize reflections in the
critical range of driver operation. In additiou, the
proper use of Abrous damping material, such as fi-
berglass, Dacron, or Jong fiber wool, will go a long
way to make for optimal midrange driver operation.
The wall damping techniques described in Section
5.40 will be appropriate for midrange enclosures
that are located separate from the woofer enclo-
sure.

Last, and an often-overlooked option for mid-
range enclosures, is no enclosure at all, otherwise
referred to as unbaffled mounting®. Probably the
most popular exainple of an unbaffled midrange
was the Dahlquist DQ-10 loudspeaker. The benefits
inclucle complete freedom from internal box re-
flections {critical to midrange drivers) and bipolar
radiation in the mid-frequency range. You may find
it somewhat surprising how low in frequency an un-
batfled driver is able to perform.

With a fairly large baftle of one square meter, you
can make a mid-woofer type driver operate down
to 100Hz, with a 6dB octave rolloff from 100Hz to
driver resonance®. Since powerhandling capacity
for this type of configuration is lowered if the diiver
is operating below 300Hz, you should provide mini-
mal acoustic loading by affixing a small acoustic
“blanket” over the rear of the driver. This can be
the usual fibrous material or the felt type of acoustic
material used in automobiles.

5.30 ENCLOSURE SHAPE
AND STANDING WAVES.

Stancling-wave modes within a rectangular enclosure
can cause amplitude variations in driver respouse.
The problem of standing-wave reflections into the
driver cone js subsrantially eliminated by the use
of damping materials such as those described in
Chapter 1, Section 1.82. This is illustrated by the
comparison of a rectangular enclosure with 100%
fifl aud without enclosure All shown in fig. 5.43.
The respouse with the enclosure filled with sound-
absorbing material has substantially tess amplitude
deviation than the empty enclosure. Because the
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inclusion of this type of material is so effective in
damping standing-wave modes, any other consider-
ations such as box shape and dimension ratios tend
to be secondary. This applies especially to closed
box designs which often use 100% fill with damp-
ing material. Vented boxes seldom have any greater
than 50% fill so are somewhat more affected by box
modes.

Standing waves in rectangular speaker enclosures
are supposedly minimized by choosing appropriate
ratios for box dimensions. These ratios usually coin-
cide with ratios chosen to eliminate standing-wave
modes in room environments. The most commonly
quoted box dimension ratio is one suggested by
Thiele, and also happens to be an artifact from the
golden rule of architectural design dating back to
the pyramids of Egypt®. The ratio of height/width/
depth is given as 2.6/1.6/1. Other ratios have been
suggested such as 2/1.44/1% and 1.59/1.26/17, but
anyimprovementattributed to box dimension ratios
will be a secondary effect as long as the enclosure s
appropriately damped with absorbent inaterial.

These ratios ave still a good guideline (given the
limitations of driver dimensions and layout) since
it precludes making excessively long and narrow
enclosures which can be prone to pipe resonances
(which can, if necessary, be “broken” up by using
internal reftecting baffle panels). Other types of en-
closure shapes which have nonparallel sides, such
as pentangle-shaped enclosures and enclosures with
slanted front bafftes, will have different and prob-
ably less pronounced standing-wave modes, but the
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attraction is often more cosmetic than pragmatic.

Location of a low-frequency cdriver on the baffle
also aftects the severity of standing waves in an un-
treated enclosure. Locating the driver in the exact
center and somewhere just below this point will
minimize standing waves across the height and
width (but not the depth) of the enclosure, accord-
ing to one study®. The semi-cylindrical and cylin-
drical enclosure shapes will reduce standing waves
across the depth of the enclosure and reduce the
pressure response up to about 800Hz. This effect
was determined by finite element analysis of un-
filled enclosures, but will become less important
when absorbent material is included.

In the example in fg 5.4, the difference be-
tween rectangular and cylindrical shapes is minimal
even though the enclosures inclucled absolutely no
filling 1naterial. Rather than diffraction and stand-
ing-wave suppression, the real benefit is more cos-
metic than anything, although the Cubicon card-
board wbe does have good vibration damping
qualities when compared to the same thickness of
MDT {(medium density fiberboard).

5.40 BOX DAMPING.

It is a well-established fact that typical veneered
MDF and particleboard loudspeaker boxes resonate
in conjunction with the woofer and radiate nearly
as much sound pressure as the driver itself at cer-
tain frequencies”. The priiary reason for the suc-
cess of the Celestion SL-600 speaker {no longer in
production} is the honeycomb aircraft aluminum
enclosure which eliminates much of the coloration
re-transmitted by most wood enclosures. A number
of materials and techniques can be used to mink
mize enclosure vibration. This includes the choeice
of wall material, wall resonance damping material,
bracing technique, driver mounting technique, and
enclosure floor-coupling techniques.

A, Wall Materials

There are ove basic schools of thought when it
comes to choosing wall materials. One is the brute-
force technique, which dictates the use of thick-
walled high-density materials, such as 1” MDF in
conjunction with extensive bracing and sometimes
additional wall damping compounds. Speakers like
those from Thiel Audio, Wilson Audio, and Aenel
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FIGURE 5.44:
Cross brace (a),
horizontal brace (b),
and corner brace
(c) for reclanqular
enclosure.
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FIGURE 5.45: Example of
shelf brace.

FIGURE 5.46: Accelerometer
measuremen ¢of untrealed
3.75" PB box.

FIGURE 5.47: Acceleromeler

measurement of damped and
braced 1” MDF box.
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Acoustics use this type of construction.

Another school suggests the use of moderately stiff
and lighter thin-walled material such as %"-%" ma-
rine plywood with the application of heavy damping
materials to achieve low-level coloration in the 100-
500Hz region. The Leak Sandwich speaker built in
the late 1960s used this type of construction. it was
made from %" plywood and damped with thick lay-
ers of roofing felt. Both formats seem 10 work and
examptes of both are found in the industry.

Constrained layer iatevials are another tech-
nique. Constrained layer construction board is
made of two layers of MDF or similar material with
a layer of wall resonance damping material sand-
wiched in between. This product is highly special-
ized and nol generally available for amateur con-
struction. An interesting alternative was suggested
in a 3/89 Speaker Builder article' consisting of two
layers of 44" veneered plywood with two layers of
%" sheetrock sandwiched between, with each layer
bonded with construction adhesive. Another con-
strained layer examnple came from a 4/82 Speaker
Builder article", which suggested the use of sand-
filled panels for wall material (originally proposed
by G.A. Briggs, founder of the British Wharfedale
Company).

The relatively poor damping of unweated MDF
and the superior characteristics of constrained layer
materials was quantitatively analyzed by Nokia en-
gineer Juha Backman in a paper presented at the
10%st AES Convention'. This study included both
accelerometer measurements and nearfield cabinet
measurements and clearly showed the superiority
of constrained layer damping over extentional (ex-
ternal) damping.

B. Wall Resonance Damping Materials

If panel resonances are raised 1o a higher fre-
quency, either by the choice of moderately stiff
thin-walled material or by bracing, the higher fre-
quency resonances can be damped by means of ex-
tensional damping compounds. Examples of these
types of materials were discussed in previous issues
of Voice Coil "' and include two exwemely effective
products, Antiphon Type A-13 and EAR type CN-
12. Antiphon Type A-13 is a bituminous felt/clay
composite damping product. It is sold primarily to
the automobile industry to damp resonance vibra-
tion in the roof panels of cars. It comes in ¥is” thick
self-adhesive sheets. Two layers of this material
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applied to 50% or more of a cabinet’s wall area is
quite effective.

The EAR product is a graphite-filled vinyl product
developed by EAR for the US Navy to damp hull vi-
bration in nuclear submarines. It comes in Y%s"-4%4"-
thicknesses and is applied the same way as Antiphon
and is likewise very effective. These materials are
not as yet available to amateurs, but will likely be in
the future. The cost of these products in quantity js
from $1.60-$5/f%

Less expensive alternatives are the use of mul-
tiple layers (4-6) of 30 Ib. roofing felt stapled to
the enclosure wall. The walls and inside of the front
baffle should be 50~75% covered with the material
and stapled in four corners and the center of each
panel.

Liquid materials made for car undercoating have
been applied in speakers, but the solvent-based
products are likely to be hazardous to driver adhe-
sives, surrounds, and cone materials. Another alter-
native is a 50/50 mix of sand and roofing cement,
but the application is tedious and tme consuming.

C. Bracing Techniques

Bracing effectively divides the wall into two quasi-
independent panels, each having its own resonant
frequency. The three basic bracing types are shown
in Mg 344 They are the horizontal, corner, and
the cross-brace. The horizontal brace can be used
to break up the enclosure resonance around the
girth of the box.

Typical material used is %" x
27 lumbey, although angle
iron has been used in the
same application. A,
variation, used in coln-
mercial manufactar-
ing, is the shelf brace",
which is a combination
horizontal and cross-
brace. The shelf brace
is basically a solid pan-
el which is attached to
three or four sides of
the enclosure and with
large cutouts to allow
for air flow within the
box (Fig. 5.45).

The corner brace increases the mutual coupling
of adjacent walls and helps dissipate energy. The
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cross-brace s used to connect opposite walls, left-Lo-
right and front-to-back. Braces can be 27 % 2" lum-
ber or large diameter dowels (17-1.5"), which are
stiff for the amount of enclosure space they occupy
and can be used effectively. Cross-bracing placed in
the center of a panel divides the resonance by two;
however, staggering the brace so the two panel reso-
nances are at different frequencies prevents their
acoustic summation to some extent and spreads out
the “noise” at a somewhat lower level'®.

D. Driver Mounting Techniques

[solaung the speaker frame’s vibratuon has also
been shown to be useful in lowering cabinet noise.
A commercial product, Well-Nut Fasteners (USM
Corp., Molly fastener division), works quite well in
this technique. Well-Nuts are a rubber insert with a
brass nut embedded in the base. This free-floating
fastener is often used to damp vibration in electric
motors and has the same effect with drivers. Well-
Nuts also makes it easy to remove drivers without
wearing out screw holes. Small rubber grommets
located on the mounting screws or bolts have also
been used'” with some success. This plus an air-tight
damping rubber, foam, or putty type gasket will
help isolate driver vibration.

Another simple technique is to mount drivers
with silicone adhesive. A %" bead of stlicone placed
on the driver mounting flange will provide an air
tight seal as well as a degree of vibration damping.
The downside is the difficulty in removing the driv-
erif it has been inset into the cabinet batfle.

E. Enclosure Floor Coupling

Floor-standing enclosures can transmitsubstantial
vibration into the floor which in turn couples to the
air. The fad for the last several vears has heen to use
some type of metal spike to physically stabilize the
speaker (usually three) to isolate it from the floor.
While the spikes may provide some degree of isola-
tion by limiting physical contact, they can be made
even more effective by applying additional mass at
the base. A new technique seen in the marketplace
consists of providing some type of energy “sink” for
the enclosure to rest upon. This takes the form of a
heavy stone or marble plaiform which simply does
not vibrate in any fashion and cannot transmit vi-
bration to the floor.

A combination of all of these techniques can be
guite effective in lowering the coloration caused by
a vibrating enclosure. Figures 5.46 and 5.47 show
the results of an accelerometer measurement done
on two enclosures, one %" particleboard enclosure
(Fig. 5.46) and one 1" MDT enclosure with dowel
cross-bracing and Antiphon Type A-13 extensional
damping material {Fg. 5.47). The test was done
with an Audio Precision System 1 sine wave sweep
analyzer using a PVDF (polyvinylidene) accelerom-
eter'® The PYDF accelerometer is not a calibrated
unit, but the retauve difference is apparent. Al-
though the higher frequencies still persist, the level
below [50Hz has been substantially attenuated. It
is also apparent that some of the resonances have
been shifted slightly higher, but not attenuated.
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CHAPTER SIX

Mr. Pablapa

LOUDSPEAKER BAFFLES: DRIVER LOCATION,
SEPARATION, AND OTHER CONSIDERATIONS

6.10 SPL VARIATION DUE TO
DRIVER BAFFLE LOCATION,

Loudspeaker front baffles provide a “taunch” area
for the wave front developed by a transducer. As was
discussed in Chapter 5, enclosure (baffle) shape—
be it rectangular, cylindrical, spherical, square, egg-
shaped, etc.-—can cause substanual variation in the
measured SPL. of the driver. In Section 5.10B, the
cffect of different locations was also discussed, bul
only from a liinited perspective of the difference
from the center of a balfle to the top of a baffle.
The reality is that as woofers, midranges, and tweet-
ers are mounted in different physical locations on
a baftle, and as the distance from each baffle edge
changes, the on- and off-axis SPL will be very differ-
ent for each discrete location.

Where to locate a set of drivers on a new de-
sign has always been an unanswered question for
speaker designers, Most manufacturers opt for the
drivers centered on the baffle betveen the left and
right sides of the speaker and usually build the array
starting with the oweeter at the top of the baffle (or
awoofer at the top if it's a woofer-tweeter-woofer de-
sign). Variations have been nunerous and include
such concepts as mirror-imaged drivers in which
the nweeters arve Jocated close to the left for one
channel of a stereo pair and on the rightside of the
cabinet for the other chanuel. Because this is such
an open question Lo be answered when desiguing
a loudspeaker, what is needed is a comprehensive
set of examples that will give you some idea of what
to expect when selecting a mounting location for
a woofer, midrange, or twveeter. Using the virtual
anechoic chamber provided in the LEAP 5 Enclo-
sureShop software, I conducted an extensive study
cdlescribing the consequence of the various possible
mournting locations on differentsize baffles. This is
intended to serve as a guideline for this part of the
loudspeaker design process.

This study of SPL variation vs. driver location is
broken down into two parts: two-way loudspeaker
SPL variations due to different driver mounting lo-
cations, and three-way midrange SPL variations due
to different driver locations. Because the majority
of loudspeakers built both by manufacturers and
by amatewr builders are standard rectangular types,
and because tying to do baffle location variations
for all the different possible enclosure shapes would
be too exhaustive for the scope of this book, I con-
sider only rectangular baffles.

A. Two-Way Baffle Woofer and

Tweeter Location SPL Variation.

Because haflle size and driver diameler both affect
the diffraction that causes SPL. changes, this stucly
includes four different haffle sizes and four ciffer-

ent woofer diameters. The enclosures were mod-
eled after enclosure volumes and dimensions of
loudspeakers that were in procuction in 2005:

Woofer Enclosure Dimensions Simulated
Diameler (H x W x D) Wooler

45" 875" x 525" % 55" Peerless 830516
5257 10,757 % 725" % 8.5” Vifa C13WG-19-08
[ 13.5" x 8.75" = 11.25” Vifa Pt 7W]-00-08
8" 15.75" < 0" < 10.5” Vifa P21 W0-10-08

While the LEAP 5 EnclosureShop simulations are
very good, they could not simulate the SPL anom-
alies that often occur in a tweeter's response and
are caused by the reflections in a woofer or mid-
range cone. While there was no way to simulate this
response affectation, if you care to know whether
or not a particular response anomaly in a tweeter
measurement is being caused by a reflection out
of a woofer or midrange cone, cover the cone with
a thin {lat piece of cardboard and repeat the mea-
surement. The question will be answered in the
comparison.

Because there are an infinite number of discrete
balfle locations for any transducer, for the purposes
of this study, I used just three different locations for
the woofer and eight for the tweeler. These are pic-
tured for the 8” enclosure woofer SPL simulations
in Figs. 6. 1-6.3and for the 8” enclosure tweeter SPL
simulalions in Figs. 6.9-6.11. These driver locations
were relatively identical for all four different woofer
and enclosure sizes.

[ determined the exact locations with both the
woofer and tweeter mounted as close together as
possible on the baffle and with the measurement
axis placed between the two mounting positions.
The three positions for the woofer are with the two
drivers located such that the tweeter was at the top
aof the enclosure with enough clearance for a grille
frame, with the owo drivers located at the midpoint
between the top and the bottom of the enclosure;
the last position was with the wooter located at the
bottom of the enclosure, again with enough prac-
tical clearance for a grille frame. Because contem-
porary rectangular cabinets tend to be just wide
encugh for the woofer and grille frame, there is no
excess baffle space to study the left or right offset
ol a wooler, so this consideration is not part of this
presentation. However, because tweeters can easily
be oflset to the left or vight side of the enclosure,
more variations can be considered.

If you lock at the tweeter baffle locations in Figs.
6.4-6.11, you can see that this includes the same
three localions as the woofer (the tweeler mount-
ed just above the woofer with minimal spacing be-
tween the two drivers) down the center of the baf-
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FIGURE 6.1: 8" woofer
lop baffle localion.

FIGURE 6.2: 8" woofer
mid baffle location.

FIGURE 6.3: 8” wooler
bottom baffle localion.

FIGURE 6.4: 1" lweeter
top cenler baffle location.

FIGURE B.5: 1" tweeler
mid centes baffle location.

FIGURE 6.6: 17 [weeler
hottomn center balfle
location.

FIGURE 6.7: 17 lweeter
WTW cenler ballle
localion.

FIGURE 6.8 1" lweeler

lop ofiset balfle locahon.
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fle, plus the same three locations with the tweeter
offset (o the far right, as far as possible while stll
maintaining some clearance for a grille. Also in-
cluded is a tweeter mounting Jocation for a WTW
(woofer-tweeter-woofer) format with the tweeter
located in the exact middle of the baffle plus the

same center/middle position offset to the right. In
this case of the WTW tweeter location, there is not
sufficient room on the baffle for dual woofers, but
you could easily use this baffle size for a dual woofer
design by using the next smaller size woofers (dual
6.5” on the 8” baffle, dual 5.25” on the 6.5" baffle,
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" dual 457 on the 5.25” baffle, and dual 3" on the

45”7 baffle). For this reason, I included the middle
tweeter position to provide tweeter data for possible
dual wooler formats, albeit with a somewhat wider
than normal baffle for that format.

In order to fully understand what edge diffrac-
tion does to the driver response when measured
with a microphone, you need to look at both the
on-axis response as well as the horizontal and vert-
cal polar responses. That said, the basic format for
this dilfraction studly includes the following graphic
information for each combination of balfie size and
driver locations:

1.as areference, the on-axis half-space response graph
plus the half-space horizontal and vertical polar plots

2. a composite graph thal compares the different an-
echoic on-axis response curves—one for the three woof-
er locations, one graph for four tweeter locauons placed
on the baffle centerline, and one graph for the four
tweeter locations placed on the right side baffte location

3. individual on-axis and horizontal and vertical polar
plots for each baffle location.

Given the number of baffle locations and enclo-
sure examples, the number of graphs and plots re-
quired totals 168. Because the space required for
this on the printed page is somewhat excessive {we
are trying to keep this volume substantially smaller
than Tolstoy's War and Peacel), you will find a mail-
in coupon for receiving the data on CD-ROM that
contains the complete graphic set for this entire dif-
fraction study in full-color PDF format, atong with
some other useful information. While there are sim-
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FIGURE 6.9:
17 tweeter mid offsel
baffle location.

FIGURE 6.10:
1 lweeter bollom
olfset batle location.

FIGURE 6.11:
1" tweeter WTW offsel
baflle location.

FIGURE 6.12:
Frequency response of
8" wooler mounted on
an infinite baflle.

FIGURE 6.13:
Honzontal polar plot
fer Fig. 6.12(320Hz
= solid, 640Hz =
dash, 1.25kHz =
dol, 2.56kHz = solid,
3.84kHz = dash).

FIGURE 6.14: Vertical
polar plst for Fig. 6.12
(320Hz = solid, 640Hz
= dash, 1.28kHz =

dot, 2.56kHz = sefid,
3.84kHz = dash).

FIGURE 6.15;
Comparnison of 8"
wocler frequency
response for all lhree
cenler balfle localions
{lop = solid, mid =
dash, battom = dol).
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FIGURE §.16: Fre-
Juency response for
8" woofer ai bollom

bafle location.

FIGURE 6.17:
Horizontal polar plot
o Fig. 6.16{320H2

= solid, 640Hz =
dash, 1.28kHz =
1ol, 2.56kHz = solid,
3.84kHz = dash).

FIGURE 56.18:
vertical polar plet for
Fig. 6.16(320Hz

= solid, 640Hz =
dash, 1.28kHz =
Jdot, 2.56%Hz = solid,
3.84kHz = dash).

FIGURE 6.19:
Frequency response
for 8” woofer a1 mid

baffle location.

FIGURE 6.20:
Harizonta! pofar plol
for Fig. 6.19(320Hz
= solid, 640Hz =
dash, 1.28kHz =
dot, 2.56kHz = solid,
3.84kHz = dash).

FIGURE 6.21:
Vartical polar plol for
fig. 6.19(320Hz

= 50lid, 640Hz =
dash, 1.25kHz =
dot, 2.56kHz = solid,
3.84kHz = dash).

FiGURE 6.22:
Frequency response
for 8” woofer at lop
baflle location.

FIGURE 6.23:
Horizontal polar plol
tor Fig. 6.22{320Rz
=50ld, 640Hz =
dash, 1.28kHz =
dol, 2.56kHz = salid,
3.84KkHz = dash).

120

ilarities in the effects of baffle location between the
different enclosure sizes, the differences are much
greater than you might expect, so as an exercise in
overall understanding, you will find it very worth-
while to examine all the graphs and conclusions
for each size enclosure. You will also find the polar
plots much easier to read in color. That aside, data
on the 8” enclosure is provided in figs. 6.12-6.24
for the woofer locations and Figs. 6.25-6.53 for the
tweeter locations.

For the 8” woofer exanple, start by exanining
Figs. 6.12-6.14. This 15 the hall-space response of
the wooler (mounted on an infinitely large baffe)

on-axis and horizontal and vertical polar plots. As
you can see, the response is mostly flat with a 2dB
decrease in SPL in the octave from 2-4kHz, and the
polar plots are identical and perfectly symmetrical.
These plots are the result of having no edge diffrac-
tion or frequency-dependent-shaped baffle reflec-
tion to aftect the single point micrephone measure-
ment.

The on-axis comparison graph of all three 8”
woofer baffle tocations on the 15.75” x 10" baffle in
Fig. 6.15 shows the absotute SPL differences on-axis
to be within a 1-1.5dB range. In terms of affecting
the crossover from 2kHz and higher, the differenc-
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es are not particularly significant. In terms of the
horizontal polar plots (Figs. 6./7, 6.20, and 6.23},
any posilion on the baffle provides a symmetrical
pattern, which means no “lobing” to one side or the
otherin the horizontal plane, so this is not an issue.
Incidentally, the 8” enclosure data is repeated on
the CD-ROM and is much easier to read in color on
a computer screen than the black and white graph-
ic rendering on these pages. Baffle position does
affect, however, the verlical polar response (figs.
6.18, 6.21, and 6.24) and causes some degree of fre-
quency dependent lobing for each lacation.

As a penecralizatwon, frequencies above 3kHe,

which ideally will be in the stophand of the low-pass
filter section of a two-way crossover, are affected
about the same for all three locations, which hap-
pens to be a downward tilt of about 6°. For the fre-
quencies below 3kHz, the bottom position causes a
15° upward 6lt, the middle position has somne un-
evenness—but primarily does not cause any signifi-
cant tilt (lohing)—and the top position causes a 15°
downward ilt.

[f'you consider that non-coincident driver mount-
ing of the tweeter above the woofer (both woofer
and tweeter mounted on the balfle surface and
the balfle oriented perpendicular to the floor and

LOUDSPEAKER
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6.30

LERA

6.31

FIGURE 6.24:
Verlicat polar plat for
Flg. 6.22 (320Hz

= solid, 840Hz =
dash, 1.28kHz =
dof, 2.56kHz = solid,
3.84kHz = dash).

FIGURE 6.25: Fre-

quency response of
1" tweeler mounted
on an infinile baflle.

FIGURE 6.26: Hori-
zontal polar plot for
Fig. 6.25{2.56kHz
= 50lid, 3.84kHz =
dash, 5.12kHz =
dot, 6.40kHz = solid,
12.8kHz = dash).

FIGURE 6.27:
Verlical polar plot o
Fig. 6.25 (2.56kHz
= solid, 3.84kHz =
dash, 5.12kHz =
dol, 6.40kHz = solid,
12.8kHz = dash).

FIGURE 6.28: Com-
parison of 1™ weeler
[requency response
lor all lour center
baftle locations (top
= solid, mid = dash,
botlom = dol, WTW =
dashidot).

FIGURE 6.29: Com-
parison of 1" lweeler
frequency response
lor all four offset
haffle locations {lop
= s0lid, mid = dash,
botlom = dol, WTW =
dash/dot).

FIGURE 6.30:

Frequency response
for 17 lweeler at lop
center ballle location

FIGURE 6.31: Hori-
zonlal galar plol for
Fig. 630 (2.56kHz
= solid, 3.84kHz =
dash, 5.12kHz =
dol, 5.40kHz = solid,
12.8¥Hz = dash).
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not tilted at an angle) causes a downward lobing
(discussed in Chapter 7), then the top mounting
position for the woofer will minimize the overall
lobing and is the preferred mounting position that
provides an overall more consistent vertical polar
response for the system. If you mount the nweeter
below the woofer, as the PSB Mini Stratus two-way
(now out of production), the bottom mounting po-
sition for the woofer would make more sense, be-
cause the driver orientation would cause an upward

vertical polar response for the system. This is impor
tant, as different types of lobing affect the perceived
sound quality. The subjective perceived effect of
tobing is discussed more in Section 6,20,

For the tweeter, you should again start by looking
at the halfsspace on-axis response and the half-space
horizontal and vertical polar plots in Mgs. 6.25-6.27,
As you can see, the response of this tweeter is rela-
tively flat and the polar plots in either plane are to-
tally symmetrical. There are two comparison on-axis

vertical polar response tilt in the crossover region, plots given—one for the center baffle locations in
and the baffle orientation of the woofer would also  Fig. 6.28and one for the offset positions in Fig. 6.29.

FIGUAE 6.32: cause an upward tilt, again giving a more consistent  This 2SPL data is quantified in Table 6. 1.

Vertical polar plot for
fig. 6.30(2.56kHz
= solid, 3.84kHz =
dash, 5.12kHz =
dol, 6.40kHz = solid,
12.8kHz = dash).
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FIGURE 6.33: = :
“requency response A=
or 17 tweeler at mid i R
enter bafile location, “ i

FIGURE 6.34: Hon- :
zonlal polar plot for n e : !
fig. 6.33(2.56kHz Rl L

= solid, 3.84kHz =
dash, 5.12kHz = BNREET T - - Eq

Jot, 6.40kHz = solid, | » H H—- Bl a

12.8kHz = dash). | . i [t} : bt s

FIGURE 6.35:
Vertical polar plot for
fig. 6.33{2.56kHz
=solid, 3.84kHz =
dash, 5.12kHz =
ot, 6.40kHz = solid,
12.8kHz = dash).
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FIGURE 6.36:
“requency response
for 17 tweeler al
hottom center bafile
location.
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FIGURE 6.37: Hori-
zonlal polar plot for
Fig. 6.36{2 56kHz
= solid, 3.84kHz =
dash, 5.12kHz =
Jol, 6.4CkHz = solid,
12.8kHz = dash).

®

T

FIGURE 6.38:
vertical polar plot for
Fig. 6.36(2.56kHz
= solid, 3.84%Hz =
dash, 5.12kHz =
Jot, 6.40kHz = solid,
12.8kHz = dash).
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FIGURE 6.39:
Frequency response
of 17 tweeter at the
WTW center baffle
lecation.
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TABLE 6.1 Tweeter SPL Variations from 2kHz-10kHz for

although it’s not as significant as is often assumed,

LOUDSPEAKER

Different Baffle Locations (dB). and the di.ﬁ“erence varies somewhat depending BAFFLES
on the verical placement (top, mid, bottom, or
Baffle Location WTW}. In the vertical polar plots (Figs. 6.32, 6.35,
TOP MID BOTTOM CENTER (WTw) 06.38, 6.41, 6.44, 6.47, 6.50, and 6.53), both center
Center 157 189 24l 187 and offset, there is a small upward tilt for the top,
mid, and bottom positions of b, 4, and 3°, respec-
Offser 151 104 117 111 tively, for the frequencies from 3.8kHz to 12.8kHz,
while the WTW is centered on the 0 axis with no
From an on-axis single point microphone mea-  (ilt. While the upward tilt for the top, mid, and bot-
surement standpoint, offsetting the tweeter to tom posilions is not great, the symmetry of the tilt is
the far side of a baffle unquestionahly results in 2 somewhat better for the mid and bottom positions.
smoother response with less SPL variation on-axis, Given that the top position was judged optimal for
F 6.40 6.44
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FIGURE 6.40:
Horizontal polar plot
for Fig. 6.39(2.56kHz
=solid, 3.84kHz =
dash, 5.12kHz =

dot, 6.40kHz = solig,
12.8kHz = dash).

FIGURE 6.41:
Vertical polar plot for
Fig. 6.39(2.56kHz
= 50lid, 3.84kHz =
dash, 5.12kHz =
got, §.40kHz = solid,
2.8kHz = dash).

FIGURE 6.42:

Frequency response
for 1* twesler al fop
offset baffie location.

FIGURE 6.43:
Honizonial potar plot
lor Fig. 6.42 {2.56kHz
= s0lid, 3.84kHz =
dash, 5.12kHz =

dot, 6.40kHz = solid,
12.8kHz = dash).

FIGURE 6.44:
Vertical polar plot for
fig. 6.42 (2 55kHz
=solig, 3.84kHz =
dash, 5.12kHz =
dol, 6.40kHz = solid,
12.8kHz = dash).

FIGURE §.45:

Frequency resporse
for 1 tweeler al mid
offset baffle location.

FIGURE 6.46:
Horizonlal polar plol
for Fig. £.45(2.56kHz
= solid, 3.84kHz =
dash, 5.12kHz =

dot, 6.40kHz = solid,
12.8kHz = dash).

FIGURE 6.47;
Verlical polar plot for
Fig. 6.45 (2.56kHz
= 50iid, 3.84kHz =
dash, 5.12kHz =
dot, 6.40kHz = solid,
12.8kHz = dash,).
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FIGURE 6.48:
Fraquency
response for 17
tweeler at botlom
offset baffle
location.

FIGURE 6.49:
Horizontal polar
plot for Fig. 6.48
(2.56kHz = solid,
3.84kHz = dash,
5.12kHz = dol,
6.40kHz = solid,
12.8kHz = dash).

FIGURE 6.50:
Verical polar
plot for Fig. 6,48
{2.56kHz = solid,
3.84kHz = dash,
5.12kHz = dot,
6.40kHz = solid,
12.8kHz = dash),

FIGURE 6.51;
Frequency
response of 17
tweeler at the
WTW ofiset
bafile location,

FIGURE 6.52:
Horizontal polar
plat for Fig. 6.57
(2 56kHz = solid,
3.84kHz = dash,
5.12kHz = dot,
6.40kHz = solid,
12.8kHz = dash).

FIGURE 6.53:
Vertical polar
plol for Fig. 6.57
{2.56kHz = solid,
3.84kHz = dash,
5.12kHz = dot,
6.40kHz = solid,
12.8kHz = dash).
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the woofer, somewhere between what has been

zontal response.

COO?(IIEB»S()'SE shown as the top and mid positions would likely be In the "70s, mirror-imaged speakers were popular.
optimal from a system viewpoint, but I really don’t “Mirror Image” meant that the tweeters were offset
believe that small changes such as this are extremely  to the far side of the baffle, but on opposite sides
critical subjectively, so that the top position for both  for each steree channet. The left channel speaker
woofer and tweeter would still be a good choice. An- had the tweeter mounted on the right side of the
other important observation regarding the WIW  baffle, and the right channel speaker had its tweeter
tweeter position is that the Jack of lobing, coupled  mounted on the left side of the baffle. This at least
with the very symmetrical woofer and midrange lob-  was the preferred orientation, because by switching
ing that you will see in sections 6.10B and 6.20, is  the location of the stereo pair, the tweeters would
undoubtedly at least one of the reasons the WIW  be on the outside instead of the inside.

D’Appolito format speaker has been so successful From the various horizontal polar plots for the
and tends to be snbjectively well liked. offset tweeters it becomes obvious why the inside
As far as the horizontal polar response of these  orientation was the correct subjective choice. This
different tweeter positions is concerned, like the  way both horizontal polar responses tilt to the in-
woofer, all the center locations (Fgs. 6.31, 6.34, side toward the center “sweet spot” lislening posi-
6.37, and 6.40), whether mounted at the top, mid,  tion, with the added benefic of mare consistent SPL
bottom, or center (WTW) of the enclosure, have to-  and reportedly improved senic imagery. This would
tally symmetrical profiles. However, if you consider  also account for why non-mirror-image sterec and
all four offset tweeter positions (Figs. 6.43, 6.46, home theater LRs (Left/Right chanuels) are fre-
6.49, and 6.52), then the horizontal polar plots re-  quency canted to the inside listening area, because
semble the weeter top vertical polar plots in terms  pointing the speaker at the histener is a sinilar func-
of lobing. In this case the lobing is ahout a 15° tilt  tion to the offset lobing pointing at the listener with
toward the side the tweeter is mounted on. Also im-  mirror-image speakers, except there is an enhanced
portant is that the amplitude spread at the various  measured SPL consistency with the offset.
frequencies is more even on this sile of the hori- Tweeter offset to the baffle edge probably makes
il — e,
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more sense with close-in listening positions in ste-
reo than [urther back listening positions with home
theater, especially with larger screens. The higher
degree of ambient content at the more distant lis-
tening positions makes a symmetrical horizontal
polar response more desirable. Of course, there is

e R

[ip e I-r—l—uf'_ e

also the manufacturing issue of matching up left
and right mirror offset channels, which makes such
a practice more trouble than most manufacturers
are willing to subject themselves to.

As a “guiding” principle, I think that keeping
both vertical and horizontal polar respornses as sym-

am... a,un.._r‘—‘rf T TR T
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FIGURE 6.54: Single 4.5"
midrange tog center
baffle localion.

FIGURE 6.55: Single 4.5”
midrange mid center
baffle localion.

FIGURE 6.56: Single 4.5
midrange WTW center

* balle location.

FIGURE 6.57: Single 4.57
midrange lop offset baffle
location,

FIGURE 6.58: Single 4.5”
midrange mid offset baffle
localion.

FIGURE 6.59: Single 4.5”
midiange WTW offset
Baffle localion.

FIGURE 6.60: Dual 5.25”
midrange top center baflle
localion.

FIGURE 6.61: Dual 5.25"

midrange WTW center
balfle location.
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*IGURE 6.62: Dual 5.25" midrange
top ofiset baflle localion.

IGURE 6.63: Dual 5.25" midrange
WTW ofiset baffle location.

“IGURE 6.64: Frequency response
f single 4.5 midrange mounted on

metrical as possible results in a better subjective
experience, which is at least one of the reasons I
undertook this diffraction study. This, of course,
runs contrary to some engineering personalities
who maintain that heme speakers should have
some type of directivity. Controlled directivity is a
standard practice for loudspeakers designed for use
in large venues and is done to provide specific cov-
erage patterns. Enhanced divectivity loudspeakers

are, however, the exception rather than the rule in
speakers intended for small rooms.

B. Three-Way Midrange Location SPL Variation.
Section 6.104 discussed SPL differences for woofers

and tweeters in two-way systems located at different

positicns on a front baffle. This section will discuss

the same information for midranges in three-way

systerns. [ simulated two examples—a single 4.5”
midrange, and dual 5.25” midranges—and chose
the cabinet volumes and dimensions for this exer-
cise from current production 2005 leudspeakers.

Midrange Enclosure Dineisions Simulated
Diameter HxW=xD) Woofer

4.5" 207 % 8257 % 10.5" Peerless 830516
5257 (D) 327 % 707 % 10.57 Vifa CI3WG-19-08

Ioutlined six different positions for the 4.5” mid-
range: three mounted on the baffle centerline and
three offset to the right from those positions. These
six baffle locations are depicted in Figs. 6.54-6.59.
Asyou can see, the midrange was located in the cen-
ter of the balfle (this is the same configuration as
the production speaker with 6.5 woofers mounted
above and below this position), between the center
and the top of the baffle (both 6.5” woofers would
be mounted below the midrange and a tweeter
mounted above), and at the top of the baffle (both
woofers at the bottom of the baffle and the tweeter
mounted just below the midrange).

For the dual 5.25” midrange format, only four
positions are examined and are illustrated in
Figs. 6.60-6.63. Only two basic positions are avail-
able for this format with this size enclosure. One
configuration is with the tweeter mounted in the
center of the baffle with one midrange mounted
above and below and an 8” woofer mounted at
the top and bottom of the baftle {plus the offset
variation). The other is with the midrange tweet-

P
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hl

»
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|

i

an infinite baffie. =

FIGURE 6.65: | ™
Horizonta! petar plot
‘o Fig. 6.64 (320Hz

= solid, 640Hz =
dash, 1.25kHz =
101, 2.55kHz = solid,
3.84kHz = dash).

FIGURE 6.66:
verlical polar plot for
Fig. 6.64 (320Hz
=solid, 640Hz = | .

! LEAR

3 18 = " n - - g

dash, 1.25kHz =

101, 2.56kHz = solid,
3.84kHz = dash).

FIGURE 6.67: Com-
arison of single 4.5”
midrange frequency
asponse for all (hree
nter baflle localions

{top = solid, mid =
dash, cenler = dot).
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er MTM array located at the top of the baffle
with two 8" woofers located together at the bot-
tom of the baffle. The graphic presentation for
both three-way examples is similar to section
6.104, as follows:

1. asetof reference graphs, on-axis half-space ptus
horizental and vertical pofar plots in half space

2. a composite graph that compares the different
anechoic on-axis response curves, one for the three
center 4.5” single midrange locavons, one for the
three offset 4.5” single midrange locations, plus
one for the two dwal 5.25” inidrange locations and
one for the two 5.25” midrange offset locations

3. individual on-axis and horizontal and vertical
polar plots for each haffle focation

As before, you should again start by Jooking ar
the half-space on-axis response and the haltspace
horizontal and vertical polar plots in Figs. 6.64-6.66
for the single 4.5” mid and in Figs. 6.87-6.89 for the
dual 525" midrange format. Both midrange drivers
have a smooth on-axis response, relatively flat for
the dual 5.25” set and with a somewhat declining
SPL with increasing frequency [or the single 4.5".
As with any halfspace measurement, the hovizon-
tal and vertical polar plots are totally symmetrical,
although you can see the cancellaton effects and

LOUDSPEAKER

BAFFLES

FIGURE 6.68: Comparison of
single 4.5 midrange frequency
response for all three offset baffle
localions (lop = solid, mid = dash,

center = dof}.

FIGURE 6.69: Frequency re-
sponse for single 4.5” midrange
al top cenler baffle localion.

@

6.68

T

_$.72

FIGURE 6.70:
Horizonlal polar
plot for Fig. 6.63
(320Hz = solid,
640Hz = dash,
1.25kHz = dol,
2.56kHz = solid,
3.84kHz = dash).

FIGURE 6.71: Ver-

lical polar plot for

Fig. 6.69(320Hz

= solid, 640Hz =

dash, 1.25kHz =
dol, 2.56kHz =
s0lid, 3.84kHz =
dash}.

FIGURE 6.72:
Frequency e-
sponse for single
45" midrange al
mid center baffle
focalion.

FIGURE 6.7%:
Horizonlal polar
plot for Fig. 6.72
(320Hz = solid,
640Hz = dash,
1.25kHz = dol,
2.56kHz = solid,
3.84kHz = dash).

FIGURE 6.74:
Vedtical polar
plot for Fig. 6.73
{320Hz = solid,
840Kz = dash,
1.25kHz = dot,
2.56kHz = solid,
3.84kHz = dash).

FIGURE 6.75:
Frequency re-
sponse for single
4.5" midrange
at WTW cenler
ballfe location.
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FIGURE 6.76: Horizonlal polar
plot for Fig. 6.75 (320Hz =
solid, 640Hz = dash, 1.25kHz
= got, 2.56kHz = sclid,
3.84kHz = dash).

FIGURE 6.77: Vertical polar
plet for Fig. 6.75 (320Hz =
solid, 640Hz = dash, 1.25kHz
= o, 2.56kHz = solid,
3.84kHz = dash).

resulting lobing of the dual 5.25” midrange drivers
in the vertical polar plot.

The on-axis comparison graph for the different
centerline locations and the difterent offset loca-
tions are given in figs. 6.67-6.68 for the single
4.5” midrange and in Figs. 6.90-6.91 for the dual
5.25" scenario. The +SPL data for both the 4.5”
and 5.25" drivers is quantified in Tubles 6.2and 6.3,
respectively.

Table 6.2 Single 4.5” SPL Variation from 500Hz-3kHz for
Different Baffle Locations (dB).

Results for the single 4.5” midrange were very
sirnilar to the tveeter conclusions in Section 6.104,
Offsetting this midrange to the far side of a baffle
unquestionably results in a smoother response with
less SPL variation (see Table 6.2 and Figs. 6.67-6.68),
although, as before, not as significant as is often as-
sumed. In the vertical polar plots (Figs. 6.71, 6,74,
6.77, 6.80, 6.83, and 6.80), the bafile also tilts the
response 5° upward for the placement at the top,
about 3° upward for the mid location between the
top and center, and no tilt at all with the midrange
mounted in the center position. With no offset and
the midrange located on the centerline of the baf-

Baffle Location

TOP MID CENTER (WTW)
Center  2.30 2.95 3.07
Offset  1.69 1.07 1.45

Table 6.3 Dual 5.25” SPL Variation from 500Hz-3kHz
for Different Baffle Locations (dB).

Baffle Location

TOP CENTER (WTW)
Center  1.56 1.13
Offser  0.97 0.76
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FIGURE 6.78:
Frequency re-
sponse for single
4.5" midrange at
lop ofiset baflle
location.

FIGURE 6.79:
Horizontal polar
plot for Fig. 6.78
(320Hz = solid,
640Hz = dash,
1.25kHz = dot,
2.56kHz = solid,
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3.84kHz = dash).

FIGURE 5.80:
Vertical polar
plot for Fig. 6.78
(320Hz = solid,
640Hz = dash,
1.25kHz = dol,
2.56kHz = sclid,
3.84kHz = dash).

FIGURE 6.81:
Frequency re-
sponse for single
4.5” midrange &l

mid offsel baflle
location.

FIGURE 6.82:
Horizonlal pofar
plot lor Fig. 6.81
(320Hz = solid,
640Hz = dash,
1.25kHz = dol,
2.56kHz = solid,
3.84kHz = dash).
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fle, all three locations have symmetrical horizontal
polar plots (Figs. 6.70, 6.73, 6.76), again the same as
the tweeter analysis in the previous section. The re-
sponse change in the horizonial plane due to offset
to the right side of the enclosure (Figs. 6.79, 6.82,
and 6.85) results in a 10-15° tilt toward the right
side of the enclosure plus a tighter SPL spread on
that side as well, again, very similar to the tweeter
example.

Results for the 525" dual midrange example
were somewhat different, although the offset re-
sponse given in Tuble 6.3 (also see figs. 6.90-6.91)
also showed some small improverment over the cen-

ter baffle location. In the vertical polar plots (figs.
6.94, 6.97, 6.100, and 6.103), the drivers Jocated in
the center of the baffle have a totally syminetrical
response. When the two midranges ave relocated to
the top of the baffle, the response change is not ex-
treme, but it also is not as symmetrical as the center
lacation. Obviously, both locations exhibit a degree
of cancellation due to the use of two sources operat-
ing in the same frequency range.

The offset location for the dual 5.25” midranges
resulted in less “6lt” toward the same side of the
baffle they were located on—about 5° compared
to 15° for the single 4.5” midrange—Dbut also ex-
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FIGURE 6.83: Verlica! polar plol
for Fig. 6.87 (320Hz = solid,
640Hz = dash, 1.25kHz = dot,
2.56kHz = solid,

3.84kHz = dash).

FIGURE 6.84: Frequency re-
sponsé for single 4.5” midrange
al WTW offset balfle localion.
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FIGURE 6.85:
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Horizontal polar
plot for Fig. 6.84
(320Hz = sold,
640Hz = dagh,
1.28kHz = dol,
2.56kHz = sohd,
3.84kHz = dash).

FIGURE 6.86:
Verlical polar
plol for Fig. 6.84
[320Hz = solid,

640Hz = dash,

1.25kHz = dol,
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6.88 2 56kHz = solid,
i 3.84kHz = dash).

a0
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s FIGURE 6.87:
Frequency
response ol dual
5.25" midranges
mounted on an
infinite balile.

FIGURE 6.88:
Horizonlal polar
plat for fig. 6.87
{320Hz = sofid,
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640Hz = dash,
1.25kHz = dol,

i 2.56kHz = solid,
v 3.84kHz = dash).

6.89

FIGURE 6.8%:
Verlical polar
plot for Fig. 6.87
(320Hz = solid,
640Hz = dash,
1.25kHz = dot,
2.58kHz = solid,
3.84kHz = dash).

FIGURE 6.80:
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Comparison of
dual 5.25" mid-
ranges lrequency
response for bolh
center baffle locg-
tions (lop = solid,
cenler = dash).
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FIGURE 6.105: Drive layout
for 2.5-Way vs. WTW.

T LU L S S TR e T . &

tems, and the second involves the design of hori-

zontal WTW arrays used for center channei speak-

ers in home theater systems.

A, 2.5-Way WTW vs,

Full-Range 2-Way WTW.

Over the last several years I have heard criticism lev-

eled at the use of fullrange two-way WI'W speaker

formats in home theater with the suggestion that 2.5-

way formats are superiol. A 2.5-way speaker has two

woofers like a regular WI'W format, but instead of

crossing both of them over at the same frequency to
§ TSty G-l et} |l!.I LR i

blend with a tweeter, one woofer uses a low-pass .
ter set over an oclave or 5o lower in frequency, while
the other is crossed normally with the tweeter. The
concept being promoted is that the 2.5-way format
will reduce the “undesirable” interference (lobing)
due to the separation between the two woofers tha
are both operating together with the tweeter. The
claip1 is that by reducing the lobing, the resulting
2 5-way format will produce a subjectively superior
sounding loudspeaker.

Fortunately, the occasion came up in the last year
{sometime in 2004) for me to compare the exact
same loudspeaker (cabinet and driver set) opt-

e FEYFL

FIGURE 6.106:

WTW on-axis
response.

FIGURE 6.107:
2.5-Way (network
on single veooler)
ONn-axis response.

FIGURE 6.108:
WTW horizonlal
on- and off-axis
{solid = 0°, dol =
15°, dash = 30%),

FIGURE 6.109:
2.5-way horizonlal
on- and off-axis
(solid = 0°, dol =
15°, dash = 30°),

FIGURE 6.110:
WTW vertical on-
and off-axis (solid

=0°, dot = +15°,
dash = + 30°),

FIGURE 6.111:

2 5-vay vertical

on- and off-axis
{sokd = 0°, dot

=+15°, dash =

+30°).

FIGURE §.112:
WTW veitrcal on-
and ofi-axis (sofid

=0°, dot = -15°,

dash =- 30°).
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mized for a fullrange WTW and the same speaker
optimized as a 2.5-way. This gave me the opportu-
nity to very critically compare the 2.5-way incar
nation side by side with the same drivers in a full-
range D’Appolito format. My observation was that
although the timbre of both formats was very simi-
lar, the 2.b-way lacked the perceived image depth
of the standard WTW format {this was a inono A/
B test—for more on this, see Chapter 7.90, Loud-
speaker Voicing). What follows explains the subjec-
tive difference using LEAP 5 simulations and offers
some more guidance in terms of the optimal polar
response in a loudspeaker.

Figure 6. 105 gives the cabinet and driver setup that
was configured in LEAP 5 EnclosureShop. What
you see in the illustration isa dual 6.5” speaker with
the woofers spaced at the distance required to fit a
small faceplate neodymium tweeter between them.
Because of the methodology employed in LEAP 5
that allows you to add passive filter sections for dif-
fraction analysis, the only network employed in the
simulations was the low-pass on the single woofer in
the 2.5-way example, so both the fullrange WTW
and the 2.5-way do not have a crossover at the tweet-
er crossover frequency.

The fullrange WIW woofer example (without

any crossover) and the 2.5-way (with a bottom
woofer 1.5kHz LP filter) analysis resulted in the
production of an on-axis curve, a 30° off-axis curve
in both the horizontal and vertical planes, and both
horizental and vertical polar plots for each exam-
ple. Because no crossover was used in conjunction
with the WTW example, you see the woofer “step”
response (this will be discussed in Section 6.30), but
the overall response above the “step” is identical 1o
the 2.5-way. Curves for the full-range WTW woofers
and the 2. 5avay examples are as follows:

WTW 2.5-way
On-axis 6.106 6.107
On-axis, 15° H, 30° H 6.108 G.109
On-axis, +15° V +30°V 6110 6.111
On-axis, -15°V, =30° v 6.112 6.113
Vertical polar plot 6.114 6.115

When examining these two curve sets, you see
that the horizontal on- and off-axis (Fgs. 6.{08 and
6.109) curves are very symmetrical for both formats.
However, if you compare the vertical off-axis curves
both up (+) and down (-} from the measurement
axis, the pair of grapls for the WIW woofers is
identical (Figs. 6./10and 6.112}, but for the 2.5-way
(Ligs. 6.111 and 6.113), definitely not atall syinmet-

@i

rical. This is to be expected when one woof-

t AR AN T : I 0 6,113!

er ts below the other and playing in a differ
i| | entfrequency range. This is confirmed by
comparing the verticat polar plots in Figs.
6. 114 and 6.115.

While the 2.5-way speaker does not have
the lobing that is typical of the fullrange
WTW, its vertical response is very asymmet-
rical. My conclusion s that having a radiat-
ing field that is syminetrical, lobing or not,
sounds better than an asyminetrical radiat-
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FIGURE 6.113: 2.5-way verii-
cal on- and off-axis (solid = 07,
dol = -15°, dash = - 30°).

FIGURE §.114:
Veerlical polar piot
for WTW (320Hz

= solid, 640Hz =
dash, 1.25kHz =
dot, 2.56kHz = solid,
3.84kHz = dash),

FIGURE 6.115:
Verlical polar plot
lor 2.5-way (320Hz
= solid, §40Hz =
dash, 1.25kHz =
dot, 2.56kHz = solid,
3.84kHz = dash).

FIGURE 6.116:
Center channel dual
woofer layoul wilh
wide spacing.

FIGURE 6.117:
Center channel dual
woofer layoul wilh
close spacing.
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LOUDSPEAKER ing field, and this is the reason the full-range

COO?(Z%?)E WTW gave a better sense of ambience in a room R e,
than the 2.5-way speaker did. _— it o
FIGURE 6.118: Frecuency re- B, Woofer Spacing for 2-Way
sponse comparison of on-axis close  WTW Center Channel Speakers.
 and wide spaced cenler channels  ywhile three-way center channel speakers that
solid = close spaced woofers, daSh - e vertical MTM arrays with the same acoustic
= wide spaced woofers). polarity as their accompanying LR speakers are
FIGURE 6.119: On- and off-asis by lar olnelof the best solutions for home theater,
horizontal Irequency response for € majority of center chanlnel loudspeakers are
wide spaced woolers (solid = 0°,  2-way horizontal aspect ratio dual woofer WTW
dol = 15°, dash = 30°).  arvays. 1f you survey the variety of the horizonial
FIGURE 6.120: | T 5118 ik
On- and off-axis ’ 20 e
horizontal frequency S T phe ke
response for close BT
spaced woolers
(solid = 0°, det = 15°,
dash = 30°).
FIGURE 6,121:
Vertical pelar plot
for wide spaced
woolers (320Hz
= solid, 640Hz =

dash, 1.29kHz =
dot, 2.56kHz = solid,
3.84kHz = dash).
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FIGURE 6.122:
Vertical polar plol
for close spaced
woolers [320Hz

= solid, 840Hz =
dash, 1.25kHz =
dot, 2.56kHz = solid,
3.84kHz = dash).
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FIGURE 6.123:
Honzontal polar plot
lor wide spaced
weolers (320Hz = |
solid, 640Hz =dash,
1.25kHz = dot,
2,56kHz = slid,
3.84kHz = dash).
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FIGURE 6.124:
Horizontal potar plol
lor close spaced
vwoolers (320Hz

= solid, 640Hz =
dash, 1.25kHz =
dot, 2.56kHz = solid,
3.84kHz = dash).

FIGURE 6.125:
Honzontal polar plol
for wide spaced
woofers (640Hz =
dash, 1.25kHz = dot,
2.56kHz = sclid).
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cabinet dual woofer center channel speakers being
offered by the loudspeaker industry, you will notice
that spacing between the woofers varies consider-
ably from very close and nearly touching to spread
apartat a considerable distance that can be as much
as 5-8" from cabinet center for each woofer. The
consequence of wider spacing between the dual
woofers is more comptlex lobing in the horizontal
response of the speaker and can be avoided.

Figures 6.116and 6.117 depict two horizontal cen-
ter channel scenarjos for a speaker with 5.25” woof-
ers, one with wide spaced woofers each mounted
57 from the cabinet center, and the other with the
two woofers nearly touching. For the speaker in
Fig. 6.117, the tweeter would be mounted either at
the top or bottom of the baffle, on the centerline
where the two woofers are mounted. Generally, this
requires the use of a small footprint neodymnium
type dome tweeter. Graphic data for the compara-
tive analysis of these two center channel formats is
as fotlows:

Wide Close
Spaced  Spaced
On-axis for both cabinets 6.118
On-axis, Horizontal 15, 30° 6.119 6.120
Vertical Polar Plots 6.121 6.122
Horizontal Polar Plots 6.123 6.124
3 Freq. Horizontal Polar Plots 6.125 6.126

As you can see in Fig. 6.118, the on-axis response
is somewhat different due to the spacing, but noth-
ing that would indicate any kind of SPL problem.
Also, in the two vertical polar plots in Figs. 6.121 and
6.122, there is no indication of a problem, as these
are nearly identical. However, when you look at the
horizontal on- and off-axis curves in Figs. 6./{/%and
6.120, it is obvious that the complexity of the off-
axis cancellation nulls is much greater for the wide-
spaced dual woofer example. However, with a 3kHz
low-pass network, it doesn’t really look like all that
much of an issue.

If you now look at the two horizontal polar plots
in Figs. 6.123 and 6.124, you can get a better feel for
whatis goingon. figures 6.125and 6.126are the same
polar plots as Figs. 6.123and 6. 124, butare somewhat
easier to read and only display the 640Hz, 1.28kHz,
and 2.56kHz frequency bands. The 1dea is that the
closersspaced woofers will give a more even coverage
pattern across your listening audience, especially if
they are fairly close to the screen and the speakers.

6.30 RESPONSE VARIATION DUE
TO BAFFLE AREA (STEP RESPONSE).

Chapter §, Cabinet Design: Shape and Damping,
discussed the effect that different baffle shapes
have on the SPL of a woofer, nudrange, or tweet-
er. However, while exotic shapes are interesting,
the fact remains that the majority of loudspeakers
both currently and historically are built fromn sim-
ple rectangular boxes. The analogy of a halfle in
anechoic space is similar to a flashlight reflecior,
except that the wavelength of light is at just one
frequency (well, actually it's a grouping of wave-
lengths between 400-800am}, while the band-
width of a loudspeaker relevant (o wpical baffle
areas is actually quite wide. As the area of a Joud-
speaker baffle increases, it will offer more and

more reinforcement to the very lowest frequencies
right up to the point where the baffle becomes in-
finitely large and reinforces all frequencies from
1Hz to the upper limit of the audio spectrum.
Step response is often used to describe this phe-
nomenon, the step being the upper frequency at
which the bhaffle supplies even reinforcement for
all frequencies at that frequency and higher.

The example that was simulated in LEAP & Enclo-
sureShop to demonstrate the overall SPL changes
that occur with increasing total baffle area incorpo-
rates a 6.5” driver. The extremes for any baffle-re-
lated response change, as discussed in Chapter 5,
are from the speaker being mounted with no baffle
in open air to the speaker being mounted on an
infinitely large baffle, or half-space. For the 6.5 ex-
ample, the simulation curves for these two extremes
are given in Mg, 6.127 Anyrealizable baffle response
will fall somewhere between these two curves.

The simulation started with the 6.5 woofer load-
ed into a small enclosure with a baffle that mea-
sured 9.25” high by 6” wide, just wide enough for
the example driver to At (Mg, 6.128). Keeping the
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FIGURE 6.126:
(see previous page)
Horizontal polar plol
for close spaced
woolers (640Hz =
dash, 1.25kHz = dot,
2.56kHz = solid).

FIGURE 6.127:
Frequency response
comparison of 6.5”
waoler wilh no baffle
and with infinite
baffle (sofid = infinile
baflle response,
dash = no baffle
response).

FIGURE 6.128:
Smallast baffle
{ayout for step
response.

FIGURE 6.129:
Largest baffle layoul

. lor slep response.
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FIGURE 6,130: On-axis
Tequency response Comparison
of all 12 batlle sizes with infinite

baffie base curve (thick sotid =
infinite baffle response;).

FIGURE 6.131: On-axis
Tequency response comparison
of seven baflle sizes in 1” incre-
1ents from 6” wide 0 127 wide.

{GURE 6.132: On-
axis frequency re-
ponse comparison
five batle sizes in
" increments from
12" wide to

20" wide.

FIGURE 6.133:
On-axis frequency
response compari-
son of three baflle

sizes, 107 wide,
20" wide, and 40"

wide (solid = 10”
wide baffle, dash =
0" wide bafile, dot
= 40" wide baffle).

FIGURE 6.134:
On-axis frequency
‘gSpONSe compari-

son of the largest
baffle size with
the infinile baflie
response {solid =
nfinite baffle, dash
= 40" wide baflle).

IGURE 6.135: On-
axis frequency re-
ponse comparison
of an undamped
1d a foam damped
ballle (solid = no
surface damping
on bafle, dash =
1am damped baflle
surface).

136

aspect ratio (the ratio of height to width) the same,
I increased the baffle width in 17 increments from
6" to 127, and then from 12” to 20" in 2 incre-
ments, plus added a fnal monster baffle that mea-
sured 60.67 x 407 (fg. 6.129).

I programmed all the various baffle sizes into
LEAP 5 and performed on-axis 2.83V/Im simula-
tions for all 13 baffle sizes. The results are shown in
Tigs. 6.130-6.133. The series of graph curves begins
with all of the SPL curves displayed simultaneously
along with the reference halfspace infinitely large
baffle curve (#g. 6.130). While this many curves on
one graph are difficult to vead, you can definitely
see the emerging pattern. As the baffle mutates
from a 6" width to a 40" width, two major features
are apparent.

First, the peak at 1.1kHz in the 6" wide baffle
curve decreases in frequency as the baffle area in-
creases. Next, the amptitude of the 100Hz corner
frequency of the high-pass rollofl of this driver grad-
ually increases from 70dB for the smallest baffle
area to 83dB for the largest baffle area. Looking at
Iig. 6.131, which represents the baffle widths from
6" t0 12”7 in 1” increments, the 1,1kHz peaking in
the 6" wide haffle not only decreases in frequency
as the baffle area increases, but the peak also de-

creases somewhat in amplitude in this series.

The group of curves in Fig. 6.132 shows the pro-
gression from 127 wide to 20" wide in 2" incre-
ments, again showing an inverse relationship with
the peaking in the response decreasing in frequen-
cy as area increases, but this time a small increase
in amplitude ocecurs as the area increases. This
SPL pattern is somewhat easier to see in Fig. 6.133,
where the graph has three curves starting at a 107
baffle width, doubling to 20” and then 40", Figure
6.134 compares the largest 40” wide baffle with a
halt-space measurement of the driver, showing that
this process is definitely mutating to half-space.

This raises an interesting issue about which de-
sign format is subjectively superior: a loudspeaker
in an off-wall cabinet with some kind of defined
baffle area and shape, or an in-wall speaker with
comparatively large baffle area the size of a house
wall. Over the years | have designed a number of
in-wall products for various companies including
M&K Sound, Parasound, Posh Audio, coNEXTion,
and a THX Ultra in-wall for Atlantic Technology, as
well as a rather large number of off-wall speakers.

In a 2005 interview by Brent Butterworth in Robb
Report Home Entertainment magazine', [ was asked
the question of which worked best, in-wall or off-
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wall speakers. Because Mr. Butterworth has been
measuring and reviewing home theater loudspeak-

ers for a number of years, first in Home Theater

magazine, and then for Robb Report, he has had the
apportunity to observe the Joudspeaker industry
trend of home theater speakers being placed phys-
ically out of sight in 2 home theater, as they are in
a real commercial theater. Rather than have the
LCR (Left, Center, Right), surrounds, subwoof-
er, and rear channels all sitting on the floor {or
placed on speaker stands) away fromn the walls or
even mounted on the walls, many instaltations have
speakers that are hidden behind curtains, behind
grilles in home entertainment centers, mounted in
the wall, or mounted in the ceiling. Chapters 5 and
6 have spent much effort defining the SPL modifi-
cation that a discrete baffle has on the response of
a speaker, but also made itapparent that the larger
the baffle, the more even and smooth a response
the drivers will be able to produce.

While it might be tempting to either conclude
that in-walt baffles are superior for this reason, or,
to the contrary, adapt an elitist attitude that in-wall
speakers are inherently inferior (it’s only been since
perhaps the year 2000 that really high-end in-wall
speakers have appeared on the market, and prior
to that they were mostly distribuied audio speakers
nitended for a muzak scenario, totally repugnant to
any self-respecting audiophile), the truth is that nei-
ther of these would be correct. My answer to Brent’s
insightful question is that you can take any given set
of drivers and make tbem sound musical in either
design format, in-wall ov offawall; it’s just a matter
of design criteria. Each plaiform provides a launch
vehicle for a wave froni, and the fact remains that
you have several choices on bow to get sound into

6.136

6.137

a room. In my experience as a loudspeaker design
consultant, you can easily make all of these formats
(on-wall, offwall, in-wall, or in-ceiling) work ex-
tremely well.

6.40 BAFFLE DAMPING.

All baffles reflect sound. As the initial wave-front
propagates from the driver diaphragm, it travels
over the surface of the baffle, and part of the energy
is reflected and some diffracted oft edges and pro-
vusions. All of these incidental aspects of the com-
posite wave front unavoidably involve some small
titne delay (up to 0.5mS?% compared to the initial
wave front emanating from the driver diaphragm.
This acoustic “ctutter” 1ends to smear the sonic de-
tatt and muddy your subjective musical perceplion.

As a consequence, much effort over the years has
gone into limiting this problematic consequence.
Various ideas have been patented and incorporated
for this purpose, but the two basic approaches are
to either scatter the reflective energy in all direc-
tions, or to damp it as much as possible. B&W has
used plastic baffles with a 3-D surface composed of
hundreds of tiny pyramids that were supposed to
scatter reflective energy, and numerous speaker de-
signers, including models from Gizek and SRA (my
first company} in the mid to late 1370s, have used
die cut sheets of acoustic foam to cover all or part
of a baffle.

The measured differences between an un-
damped and damped baffle can range from fairly
impressive to not particularly significant, depend-
ing on the type and amount of material®. The on-
axis curves shown in fig. 6.135 ave for a 15.75" x
10” x 8” enclosure with a 3” full-range {the driver
mounted about 3” down frem the top of the baffle
and centered) both with and without a %4 thick
foam-damping material covering the entire sw-
face of the baffle up 1o the edges of 1the driver. The
material was a specialized acoustic foam-damp-
ing product that came from Scundcoat, an OEM
noise-control manufacturer.

As you can see, the primary damping effect oc-
curred between 1kHz and 3.5kHz [or this particular
material; however, if you look at the on-axis CSD
(Cumulauve Spectral Decay) plots done with a
CLIO MLS analyzer in Figs. 6.136-6.137, you can
also see decay dilferences that occur at different
parts of the bandwidth (see [ig. 6.136 for the wa-
terfall plot without foam material on the baffle and
Fig. 6.137 for the waterfall plot with the Soundcoat
foarn attached). This changes significantly off-axis,
as seen in the 307 off-axis curve comparison in Fig.
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FIGURE 6.136:
CLIO CSD plot of
urdamped balfle.

FIGURE 6.137:
CLIO CSD plot of
foam damped baffle.

FIGURE 6.138: 30°
off-axis lrequency
fesponse compaii-
son of an undamped
and a foam damped
baffle (solid = no
surtace damping

on baffle, dash =
foam damped ballle
surlace).
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6. 138 where the attenuation from the foam materi-
al extends from 1.8kHz to above 12kHz. The actual
subjective differences are discussed in Section 6.50,
Subjective Evaluation of Diffraction.

6.50 SUBJECTIVE EVALUATION
OF DIFFRACTION.

Virtually all published loudspeaker diffraction infor-
mation discusses either the mathematics of simulat-
ing dilfraction® ** or measurements of various dif-
fraction scenarios'. However, the really important
aspect of diffraction is not how it measures with a
microphone or simulates in a computer, but how it
subjectively affects what you hear. To my knowledge,
no one has ever published any kind of controlled
listening test to determine how hearable different
aspects of cabinet diffraction can be perceived, de-
spite the fact that both amateur and professional
loudspeaker designers still spend considerable ef-
fort trying to eliminate the deleterious effects of
measured diffraction.

Peter Kates concluded at the end of his diffrac-
tion paper titted “Loudspeaker Cabinet Diffrac-
tion effects™ that “reflections can cause frequency
response irregularities of up to 4dB, accompanied
by group delays of up to 1.5mS. These irregularities
contribute to spectral coloration, confuse localiza-
tion, and increase the apparent source width of the
loudspeaker system.” To what extent this is true ap-
parently has never been determined in any kind of
published subjective study.

Before undertaking this project, I contacted
Sean Olive, the manager of the Subjective Evaly-
ation R&D Group at Harman Interrational (JBL,
Infinity, Revel, and so on). Mr. Olive works for and
with Dr. Floyd Toole, Vice President of the Acous-
tic Engineering Group at Harman [nternational,
and both of them have been working on the sci-
ence of listening since their work at the NRC (Na-
tienal Research Council) in Canada. Certainly this
group, which includes Floyd Toole, Sean Olive,
and Alan Devanter, has contributed more to the
science of subjective listening than any group
know of in the industry. When [ asked M. Olive
whether he was indeed aware of any published
works on the subjective evaluation of various dif-
fraction phenomena, be replicd, after consulting
with Dr. Toole, that neither he nor Floyd was aware
of any available published information on the sub-
ject, so if there is, it doesn’t seem to be showing up
on anybody's radar. My apologies ahead of time if
we missed someone’s work.

As a result of this communication, | decided to
design my own informal subjective diffraction study
with the goal of eitber confirming or denying the
existence of some of the convenuonal wisdom and
wives' tales regarding the sonic effects of diffraction.
Belore beginning, 1 would first like to emphasize
the informal natwre of the following undertaking.

This was not a double-blinded ABX study using
a large group of trained and untrained listeners
that was followed up with some kind of statisti-
cal analysis to reinforce conclusions. Rather, this
was just two very experienced loudspeaker indus-
try professionals doing what we have successfully
done for a living for a number of years: Jisten to

loudspeakers and describe differences. The two
professionals were myself and my business associate
and voicing partner, Nancy Weiner, Vice President
of Marketing for coNEXTion Systems Inc. (www,
conextionsystems.com). Nancy and I together have
voiced over 30 products for Atlantic Technology,
coNEXTion Systems, and several other well-known
loudspeaker manufacturers, all well reviewed by
the major industry publications such as Robb Report
Home Entertainment, Home Theater Magazine, Sterco-
phile Home Theater, and Sound and Vision.

Comparative analysis of complete systems is a
difficult task and has been well documented in the
induseey'™, Just placing speakers in a room to com-
pare them can be a daunting task'®'®. 1 reported on
a unique device for rapid A/B comparison of loud-
speakers that was created by Dr. Toole’s group at
Harinan cailed the “speaker shuffler” in an August
1999 issue of Voice Coil ™. This device, described in
detail in AES Preprint 4842, was built by a high-
tech aerospace company for Harmman and effec-
tively could switch a pair of speakers for a listen-
ing test in 2-8 seconds while keeping the speakers
m the exact acoustic space. This s very important,
because placing even two speakers next to each
other in a test can cause timbre differences due to
room modes.

Unfortunately, I really could not justify the
$150,000 price tag of having my own “speaker
shuffler” built for my office, so 1 came up with an
extremely cost-effective alternauve that only cost
about $29 Figure 6.139 shows a picture of my rapid
A/B comparison fixture that will keep the speakers
you are comparing in the exact same acoustic space
and perform this task with an A/B switch time of
less than I second. All you need are a couple of 24"
diameter MDF (Medium Density Fiberhoard) plat-
ters from Howme Depot and an 117 iazy Susan bear-
ing from Ace Hardware, two speaker stands, and a
partner willing 10 rotate the platter white you are
listening and switching the amplifier channels.

A total of five separate tests were performed to
determine the subjective nature of the various as-
pects of diffraction.

Test #]—Twester Inse—the loudspeaker indusuy
has spent probably millions of dollars recessing tweel-
ers and other drivers over the years. The practice un-
doubtedly began because of measured differences in
surface-mounted drivers and inset drives, but also
has prohably continued as a cosinetic affectation that
goes along with the ever-increasing industrial design
aspect of loudspeaker manufacturing.

The test was simple: A/B compare two identical
tweeters (Vifa DX25TG05-04 17 soft domes)—one
inset flush with the baffle and the other surface
mounted. [ mounted both tweeters on the front
baffle of a 15.75” x 10" x 8" enclosure and cen-
tered them 3” down from the top of the baffle. 1
used the LinearX LMS analyzer 10 take 2.83V/1m
measurements of both examples with the on-axis
comparison depicted in Fig. 6. {40 and the 30° off-
axis curves shown in Fg. 6.[41 (both curves were
of the exact same driver), The on-axis difference
is rather substantial, but looking at the 30° off-axis
cuwrve comparison in fig. 6,141, it's obvious that this

I




is very much an on-axis phenomenon.

Tost #2—DBuaffle Size—it’s a generally accepted fact
that smaller baffles sound different than larger baf-
fles, but exactly what subjective characteristics each
has should be revealing. For this test, and all the
remaining tests for this study, I used a pair of closety
matched 3” full-vange woofers (Tang Band model

2 6.139

W3-5945). These have a frequency response from
about 100Hz to beyond 10kHz, plus the off-axis
performance of a relatively small diameter cone. I
mounted one of the W3s in the 15.75” x 10" x 8”
enclosure baffle, 6” from the top of the baffle and
centered (vertically off-center from the middle of
the baffle}.

Inside the enclosure was another smaller sealed
enclosure, the same volume as the second W3 enclo-
sure. This was done to keep the bottom end response
of the two speakers as close as possible. The second
and sinaller enclosure measured 77 x 47 x 47 and
had the W3 mounted 37 down from the top of the
haffle and centered (see Fig. 6.142 for a photograph

6,142
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FIGURE 6.139: Piclure of the
rapid A/B comparison fixiure.

FIGURE 6.140: On-axis fre-
quency response comparison
ol aninset lweeler and a
surface mounted tweeler
{solid = inset, dash = surface
mounted).

FIGURE 6.141: 30" off-axis
lrequency response compari-
son of an insel tweeter and a
surface mounted tweeter
(solid = inset, dash = surface
mourded).

FIGURE €.142: Relalive size
companson of baflles used for
difiraction subjective Tesl 42.

FIGURE 6.143: Test 42
on-axis frequency response
comparison of driver mounted
on small baffle and driver
mounted on larger baffle {solid
= larger bafile, dash = small).

FIGURE

6.144: Tesi #2
30° off-axis
frequency
response
comparison
of driver
mounled on
small baffle
and driver
mounted on
larger baffle
{sofid = larger

baffle, dash =

smal).
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FIGURE 6.145: Piciure of lne
compound beveled edge balfte
for diffraction subjective Test #3.

FIGURE 6.146: Tes! #3 on-axis
frequency response comparison
of a compound beveled baffle
and plain sharp edged baffle
s0lid = plain baffle, dash = com-
pound beveled baflle).

FIGURE 6.147: Tes! #3 30°
off-axis frequency response
zomparison of a compound bey-
led balfle and plain sharp edged
alfle {solid = plain baffle, dash =
compound beveled baflle),

FIGURE 6.148: Piciure of
yamed damped baffle for diffrac-
tion subjeclive Test #4.

of both enclosures placed side by side with the drivers
mounted}.

Both small enclosures had 100% Bl material,
which in this case happened to be Acousta-Stuf,
which is a good wide-range damping materiat for
enclosure volumes. The W3s were A/B compared
with the same driver height above the platter so that
the perceived image location would be identical.
Objective 2.83V/1m measurements of the 37 driver
on the different size baffle are shown in Fg. 6143
for the on-axis response and 6.144 for the 30° off-
axis response {both curves were of the exact same
driver). The ditferences in this case were strong
both on- and offaxis.

Test #3—Bafjle Shape—Over the years manufac-

6.145

turers and amateur builders alike have produced
cabinets designed to defeat edge diffraction with
bevels anywhere from %" roundovers to large 3-6”
straight, cormnpound, and curved bevel shapes. Ob-
viously, such exotic additions to plain rectangular
enclosures are both time-consuming and expen-
sive, although sometimes from an industrial design
aspect, very attractive cosmetically. This test com-
pared the standard 15.75” x 10” x 8" sharp-edged
rectangular enclosure using the W3 driver in the
same mounting position as Test #2 with the same
enclosure, driver, and mounting position but with
the addition of a 3” compound bevel (27 at a 45°
angle and 1" ata 60° angle).

The bevel-modified enclosure is depicted in Fig.
6.143. Objective 2.85V/1m measurements on-axis

6.148

FIGURE 6.149:

Tesl #4 on-axis
Irequency

response
compasison of
an undamped
baffle and foam
damped balfle
{solid = plain

ballle, dash =

[oam damped
baffte).

FIGURE 6.150:

Tesl #4 30°

olf-axis Ire- e dUERL

[uency response | ||
comparison ¢l
an undamped

ballle and foam
damped ballle
(soid = plan
bafile, dash =
foam damped
balflg).
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comparing the straight rectangular baffle with the
compound beveled baffle are illustrated in Fig.
6. 146 with the 30° off-axis comparison shown in Fig.
6.147 (both curves were of the exact same driver).
Differences on-axis are primarily below 2.5kHz on-
axis and extend Lo above 10kHz at 30° off-axis.

Test #4—Damped Baffle—the measurable effect of
a damped baffle was discussed in Section 6.40, so
this test was to confinin the subjeclive consequence
of a foam-damped baffle. The testinvolved the saine
two enclosures, W3 drivers, and mounting positions
as in Test # 3, but one baffle was 100% cavered with
the '4” Soundcoat acoustic damping foam (I3g.
6.148). Objective 2.83V/1m measurements of the
baffle with the foam and without the foam blanket
are given in Fig. 6,149 for the on-axis response, and
Fig. 6.150 for the 30° off-axis respanse (all curves
produced with the exact same driver). Differences
on-axis again are mostly below about 3kHz and ex-
tend to above 10kHz at 30° off-axis.

Test #5—Driver Baffle Location—The discussion
and simulations in Section 6.10A and B were aiined
at revealing measured SPL diflerences that occur
when the same driver is located in different areas
on a standard rectangular baffle. This listening test
was designed to reveal the subjective differences
that can be perceived from moving a driver to dif-
ferent locations on a baffle. Four locations were
used—the middle and top of the baffle along the
vertical centerline, and the same {ocations moved
to the far right side of the baffle (Fig. 6.151). Objec-
tive 2.83V/1m measurements were made of the var-
ious baffle locations with the W3 full-range and are
shown in Fig. 6.152 for the on-axis response, and
6.153 for the 30° off-axis response. The SPL varia-
tions ranged up to 4dB, and were apparent on-axis
out to about 3kHz and out to above 10kHz off-axis.

Testing required that the rapid A/B fixture be
located 6° from the nearest walls in a large 20 x 30
carpeted room with a vaulted ceiling, and oriented
diagonally rather than parallel with the wall struc-
tures. Nancy and I took turns listening to each com-
parative test and used a simple 1--3 scale 10 evaluate
the differences (note: this test was aimed only at es-
tablishing a level of perceptual difference between
the two choices and not a preference). A score of
1 indicated that there was no discernible differ
ence between the two choices. A score of 2 meant
that the change was detectable, but not significant
enough to matter. The highest score, 3, meant that
the difference was both discernible and significant.

Atthe end of each test using the rapid A/B device,
we then placed the two test speakers side by side
and A/B-compared the two speakers a few times in
this orientation and then reversed posilions and re-
peated the procedure. It is interesting to note that
with the really large amount of comparative listen-
ing ard voicing we have done together using two
samples in mone placed side by side in the same
location as just described, we both found the high-
speed A/B device to be very useful, but almost oo
slow. Acoustic memory is so brief that mstantaneous
comparison is almost a requirement to differenti-

ate between two sonic choices. The 0.5-1 second
delay that it took to rotate the speakers into place
was barely fast enough for either of us to feel totally
comfortable, which is the reason we did the side-by-
side comparison at the end of each test. However, at
the end of each separate test, we also took the time
to discuss what we each had heard and summarized
these details.

The results were very interesting, butl not unex-
pected.

Test #1—neither of us was able to distinguish any
difference between the inset or the surface-mounted
tweeler dome. Given the highly directional nature of
the objective measurements, it is not surprising that
this was the result. It 15 possible that the result could
be different with a multi-way speaker with the woofer
frames surface-mounted or recessed, bnt 1 tend 1o
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FIGURE 6.15%: Ballle
localions for subjeclive
difiraction Tesl #5.

FIGURE 6.152; Tesl
#5 on-axis frequency
{e5p0Nse comparison
of different balfle loca-
tions (solid = center
location, dol = top
offse! location, dash

= lop center location,
dash/dol/dot = cenler
offset location).

FIGURE 6.153; Tesl #5
30 off-axis Irequency
response COMQarison
of differenl bafiie loca-
lions (solid = center
localion, dof = fop
offsel location, dash

= top cenler logalion,
dash/dol/dot = center
offsel localion).

6.152

g

6.153
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doubt it. The primary reason for recessing drivers
would seem to be more cosmetic than acoustic.

Test #2—the large vs. small baffle test received
a 3 from both of us: definitely discernible and
significant. We both believe the larger baffle had
more warmth, but definitely less detail and tend-
ing toward “muddy.” The small baffle speaker had
less “warmth,” probably because there is less low-
frequency reinforcement and low-frequency (ap-
proximately 50-200Hz) emphasis. We both believe
that there was a significant impression of increased
detail with the small baftle. It’s no secret that small
baffles have much more pinpoint imaging in ste-
reo than larger baffles, but the increased detail is
certainly a function of less reflection and delay,
which are consequences of a comparatively small
baffle area.

Test #3—the vesults of comparing a sharp edge
baffle to a large beveled edge baffle was somewhat
unexpected. We both rated it a 3, definitely detect-
able and significant, but neither of us believe it was
so much an improvement as just a difference. The
sharp edge, often criticized for all the diffraction
it produces, actually seemed more “live.” Nancy
described it as having more “room tone” from the
recording.

We also noticed that the Jarge beveled edge
made the image (listening in mono) seem larger
and more spacious, but again somewhat dulled
by comparison. Obwviously, there have been many
extremely well-reviewed and popular loudspeak-
ers built from the lowly rectangular cabinet, and,
frankly, neither of us thought that this was a serious
handicap. As far as the large bevel goes, it definitely
changes things, but for better or for worse I think is
a matter of opinion.

Test #4—since I have used damped baffle confign-
rations on numerous occasions over these years in
my design work, I pretty much expected the resuls
of this test. We both gave this a resounding score
of 3, definitely discernitle and very significant. The
foamed damped baffle really made the driver sound
smoother, less edgy, and increased the sense of de-
tail in the music. Nancy noted it seemed to bring
out the midrange more. Her perception was likely
due to less high-frequency delayed reflection, and
the decreased high-frequency “hash™ would have
the effect of making the midrange seem more pro-
nounced.

Test #5—four A/B comparisons in terms of baffle
placement were done for this test as follows:

a. top center compared to middle center

b. middle center compared to top right

c¢. middle center compared to middle right

d. top center compared to top right

Mounting location comparison {a) rated a score
of 3 from both of us, definitely detectable and sig-
nificant. The center baffle position had more per-
cewved “warmth,” but the top position had a more
“open and airy” quality, undoubtedly caused by the
asymmetrical vertical polar response and the slight

upward tilt of the polar pattern. Mounting location
comparison (b) rated a 3 as well, but seemed less
prominent an effect than {a). Comparisons (c) and
(d) both rated a 2, were discernible, but did not im-
press either Nancy or me as being very significant.

Diffraction bhas always seemed to me as being
touted as mote of a “boogie man” than reality
would indicate. ] have frequently commented when
asked about the importance of diffraction that “the
diffraction caused by cabinet edges and baffle pro-
trusions is probably at least as hearable as the dif:
fraction caused by the vase your wife or girlfriend
put on top of your speaker, which is to say, not at
all.” While this may not be far from true, the ben-
efit from damping a front haffle is still a very real
and important tool for increasing the quality of
the subjective listening experience, but at the saine
time does not mean the undamped baffles are so
objectionable as to be unusable. Ultimately, it is an
eclectic combination of driver timbre, driver place-
ment, sharp or beveled edges, different baffle areas,
crossover and enclosure low-frequency design, the
degree of baffle dainping and the room interface
that describe the subjective experience.
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CHAPTER SEVEN

PASSIVE AND ACTIVE
CROSSOVER
NETWORKS

7.10 PASSIVE NETWORKS.

Passive crossover network design is a vather
complex subject involving a vast number of vari-
ables. In facl, it would be quite possible o write
an entire book about it. In keeping with the
“cookbook™ approach, however, this section will
deal mostly with examples of accepted methods
used by the loudspeaker industry. You should
remember that the final choice of what type
crossover configuration you use with a particu-
lar set of drivers will depend not only on the
application of these methods, but also on a cer-
tain amount of trial and error experimentation,
and much subjective listening.

7.11 HISTORY.

With the inception of multi-way loudspeakers in
the 1930s, the crossover network designs were
based on the constant-K and M-derived filter the-
ory of both G.A. Campbell and O.]. Zobel, Bell
Telephone engineers. Some of the first pub-
lished work on the subject was done by John K.
Hilliard and H.R. Kimball for the sound depart-
ment at Metro-Goldwyn-Mayer studios. This
paper, published March 3, 1936, in the Academy
Research Council Technical Bulletin, was titled
“Dividing Nelworks for Loudspeaker Systems”
(reprinted in the JAES, Nov. 1978). Hilliard pub-
lished another definitive explication of network
design in Electronics magazine, January 1941,
titled “Loudspeaker Dividing Networks,” which
listed all the formulas for creating firsl- and third-
order Butterworth parallel and series networks.
By the 1950s, Butterworth networks were estab-
lished as the preferred filter shape for loudspeak-
€I’ CroSSOVvers.

C. P. Boegli, writing for Audio magazine in
November 1956," described the effects of driver
offset for coaxial and coplanar systeins using
Butterworth first- and second-order fillers. The
article discussed bath the second-order
Butterworth in-phase null {(out of phase peak), as
well as the deteriorating frequency response
caused by vertical driver separation.

Then, in the 1960s, Ashley and Smalt described
the atiributes of series-type filters with constant-
voltage transfer properties. This introcduced the
so-called quasi second-order mnetwork.
Unfortunately, though offering soinewhat more
attenuation than firstorder filters and having the
same “phase coherent” characteristics, the
amount of attenuation was still inadequate to pre-
vent modulation distortion i most ¢lrivers. This
was the subject of Small’s 1971 JAES paper,

Mr. Pablapa
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FIGURE 7.1; Series and paralle! networks.

PARALLEL

“Crossover Networks and Modulation
Distortion,” which suggested that 12dB/octave fil-
ters were the minimuin slope attenuation needed
to prevent excessive distortion due to high output
levels at the driver's resonance frequency. At the
same time, Ashley and Henne were extolling the
flat amplitude response and all-pass phase charac-
teristics of third-order Butterworth networks.?

In 1976, Siegfried Linkwitz described the verti-
cal polar response of various types of fillers, con-
cluding that the second- and fourth-order all-pass
filters (dubbed Linkwitz-Riley or Squared
Butterworth filters) yielded a symmetrical on-axis
response.> Somewhat after that, Peter Garde
pulled all of the previous work together with his
description of the entire family of all-pass net-
works and their derivation.d Using some of the
samne ideas, Dennis Fink, working with Ed Long
on the Urei Time-Align studio monitor, devel-
oped further the method of correcting driver
horizontal offset with delay networks.®

The next major contributions came when
Marshalt Leach® and Robert Bullock” established
the need for speaker builders to consider driver
resonance and relative inter-driver separation
(both vertical and horizontal) when determining
what type and order of (ilter will produce opu-
mum results. Continuing with his excellent work
with loudspeaker networks, Bullock? described
the proper derivation of symmetrical three-way
networks, showing that three-way networks are
not just combined two-way netwotks (as so many
of us had assumed).

Other recent conuributions of interest include
the series of papers by Stanley Lipshitz and John
Vanderkooy which present a nuinber ol possible,
although not necessarily practical, alternauves for
achieving minimum phase network responses.
The inost important advances in the last (ew
years, however, have been the availability of comn-
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puter crossover optiinization sofiware. These pro-
grams open new ways to experiment and rational
network design that are either impossible or teri-
bly time-consuming and tedious to do empirically.
Programs such as CALSOD, Filter Designer, and
LEAP 4.0 are making network design more nearly
ascience and less “black magic.”

7.20 CROSSOVER BASICS.
Loudspeaker crossovers can be configured as
series or parallel (£ig. 7.1). Of the two, the parallel

filter is the overwhelming choice of the loudspeak.
er industry, and has the advantage of allowing
each driver in a multi-way system (o be treated
independently. Using a series network, the compo-
nent variations can affect both the high- and low-
pass drivers.” Because the parallel filter tends to
be more flexible and bettersuited for the applica-
tions described in this chapter, they will be the
only crossover configuration discussed. More
inforination on series networks can be found in R,
Small’s article “Constant Voltage Crossover
Newwork Design,” JAES, January 1971.

Loudspeaker crossover networks are made up
of L/C (inductance and capacitance) filter sec
tions. Three basic fitter formats are used in paral-
lel configuration crossover design. The responses
of these filter sections are illustrated in Fig. 7.2
and are:

1. Low-pass filters—roll off the upper frequency
response, generaily used with woofers.

2. High-pass filters—roll off the lower frequency
response of a speaker, and are mostly used with
tiveelers.

3. Bandpass filiers—roll off both the lower and
upper frequency ranges, and are typically nsed
with midrange drivers.

L/C filters combined as crossover networks are
basically frequency-dependent attenuation circuits
which rely on the reactive properties of inductors
and capacitors. The frequency dependent proper-
ty of these components is described by the formu-
las for reactance (which is AC resisiance):

1
Y=
C7 2nfc
X = 2nfL

The relationships described by the formulas are
clear. Capacitive reactance is inversely proportion:
al to frequency, and capacitors provide increasing
AC resistance {become more reactive) as frequen-
cy decreases. Inductive reactance is directly pro-
portional te frequency, and inductors provide
increasing AC resistance (beccome more reactive)
as [requency increases.

Filters are generally described by three basic
properties, the slope of the rollof, the filter reso-
nance, and the Q. Slope is commondy related in
terms of the amount of attenuation per octave, oy
dB/octave. Depending on the circuit topology,
and the way in which the L and C components are
grouped, the slope of a filter can be 6, 12, 18, or
24dB of attenuation per octave ol frequency
change as depicted in Fig. 7.3. Although uncom-
mon, the slope rate can be even greater than
24dB/octave. These attenudtion rates are also
referred to by the “order” of the slope: first-order
for 8dB/octave, second-order for 12dB/octave,
third-order for 18dB/octave, and fourth-order cor-
responding to 24dB/octave slope rates.

A filter circuit’s resonance, which applies to fil-
ter orders greater than one, is the frequency at
which the component reactances are equal, and
designates the crossover frequency. The resonance




of a simple second-order filter is given by:
I
2n(rc)! /2

The product of L and C (L x C), sometimes
referred to as the L/C ratio, is important, since
the same resonance frequency will result if the
values of L and C are varied, but the L x C prod-
uct remains constant.

“QQ" of a filter network relates the samne rela-
tionships that described “Q” for drivers and dvi-
ver/box combinations. Q, which is also called
the “figure of merit,” is a calculated quantity
used to describe resonance and is equivatent to:

(energy stored at resonance)

Q:2>< A 5

(energy dissipated al reson&néé)

For a second-order L/C circuit, the formula
for Qis:
Q=[(RC)L]*

Different filter Qs describe the shape of the
“knee” of the rolloff response, as shown in Fig.
7.4. The “Q" shapes are identical to those
described for closed-box woofer enclosures in
Chapter 1. In the case of a second-order filter, the
¢, and hence the shape of the response, is con-
trolled by the [/ C ratio of the compoenents. The
different filter (s, itlustrated in Fig. 7.4, have dif-
ferent properties and have usually been named
for the engineer who first mathematically
described the response characteristics of that
shape, such as Butterworth (Q = 0.707), Bessel
(Q = 0.58), or LinkwitzRiley (3 = 0.49). Piease
note that this discussion of filter shapes refers to
the elecuical transfer function of these filiers,
and not necessarily to the acoustic wransfer fune-
tion of the loudspeaker.

7.21 COMBINED RESPONSE OF
TWO-WAY CROSSOVERS—
HIGH-/LOW-PASS SUMMATIONS.

The goal of any crossover network design effort
is 0 provide a flat yesponse transition between
two different frequency range drivers being com-
bined to produce a fullrange loudspeaker sys-
tem. The designer's task is to combine two inde-
pendent sound sources with overtapping frequen-
cy ranges so the combination produces no new
peaks or dips in the transition ftoin one driver to
the other. The way in which two independent sig-
nal sources combine depends on the phase rela-
tionship between the sources. Signals combine
differently when they are in phase than when
they are not. Figure 7.5 illustrates the acoustical
addition of two correlated (in-phase) and two
uncorrefated (not in-phase) sound sources. When
two independent sound sources are correlated,
the two signals comnbine as simple scatar quanti-
ties. In [4g. 7.38, the two drivers fed by the sume
signal sources are phase correlated, and sum to a
level 6dB greater than the output of a single dri-
ver. When wwo independent sound sources are

uncorrelated, the signals combine as an RMS

CROSSOVERS:

quantity. Looking at Fig. 7.5C, the two drivers fed PASSIVE AND
by two different and uncorrelated signal sources ACTIVE
sum to a level that is 3dB greater than the output
of a single driver.
As in the above example, the clectric or voltage
r A.
GEN [< 10048 ==
:: lﬂ 10008 =
B,
[
ﬁ 106dB o——=
C.
[<
— 103dBp T

FIGURE 7.5: Combining acoustic waveforms.

summation of crossover filters works in the same
manner. Filters used for loudspeaker crossover
networks can be divided into two groups based
on the phase relationship (correlated or uncoire-
latedl) between the high-pass and low-pass filter
sections. Phase, which is discussed in mmore detail
in Chapter 8, is a function of the network slope.
Differeut filter Qs and slopes have different phase
characteristics. Odd-order Butterworth filters
exhibit a high-pass and low-pass phase relation-
ship which is constantly 90° out of phase, a phe-
nomenon known as phase quadrature. Being 90°
out of phase at all frequencies is the same as the
phase being uncorrelated, and the two {ilter sec-
tions will sumn together flat when the level of both
filters is down 3dB at the crossover frequency.

All even-order networks, Butterworth, Bessel,
Linkwitz-Riley, and Chebyshev, both second- and
fowrth-order, exhibil a high-pass and low-pass
phase relationship which is in-phase. Specificatly,
second-order filters are 180" cut of phase, but
when the polarity is reversed, the phase is coinci-
dent. Fourth-order filters are actually 360° out of
phase, which is effectively the same as being in-
phase. When even-order fillers are combined,
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FIGURE 7.6

the phase is correlated, and the two filter sec-
tions sum together flat when the level of both fil-
ters is down 6dB at the crossover frequency.
Figure 7.6 compares the summation of a third-
order Bulterworth crossover with a fourth-order
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FIGURE 7.7 (above): Noncoincident driver separation.
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Linkwitz-Riley type.

This is contrary to conventional wisdom con-
cerning the nature of even-order Butterworth fik-
ters, but 1s nevertheless correct. When even-order
Butterworth high-pass and low-pass filters are cal-
culated, and their phase is coincident, both HP
and LP sections are 3dB down at the crossover
frequency (due to the shape of the filter (), and
the summation is +3dB, which is the 6dB gain of
two correlated sources (+3dB minus -3dB is 6dB).
If the exact in-phase constraint is relaxed and the
filter frequencies spreact by a given factor (ahout
1.3 for second-order Butterworth filters), the fil-
ter will sum to nearly flat when both HP and LP
sections are BcdB down at the crossover frequency.

7.22 ALL-PASS AND LINEAR
PHASE CROSSOVERS.

We have a choice of three crossover network
types: linear phase (also known as minimum
phase), all-pass, and non-all-pass. Only one
crossover type fits the minimum phase criterion,
the first-order Butterworth. The first-order
crossover produces a summed zere phase
response which is flat at all frequencies and has a
flat magnitude response.'® Although the first-
order crossover is phase coherent and theoreti-
cally produces no phase cistortion, it generally
provides insufficient attenuation for most high-
pass drivers (midranges and tweeters).

All-pass crossovers have all-pass phase charac-
teristics, which means phase-shifting, and have a
flat magnitude response. Four allpass networks
are lypically used as loudspeaker crossovers.!
These are the first- and third-order Butterworth
types, and the second- and fourth-order Lindowitz-
Riley configurations. Although the first-order fil-
ter is minimum phase, it is included in this cate-
gory. These filters are most frequently used for
loudspeakers because they provide a [lat magni-
tude response and, except for the first-order
type, provide sufficient atlenuation (o prevent
midrange and tweeter distortion.

Non-all-pass crossovers include all the remain-
ing filters used for loudspeaker design. These also
have all-pass phase characteristics, but den’t sum
to a flat magnitude response. This includes the
second- and fourth-order Butterworth, the sec-
ond- and fourth-order Bessel, and the group of
asymmetrical (non-circular poles} fourth-order
crossovers: the Legendre, Gaussian, and {ourth-
order Linear Phase fters. However, as I will show
later, if we relax the in-phase criterion, these fil-
ters can be made to sum nearly flat as well.

7.23 THE ACOUSTIC SUMMATION:
DRIVER ACOUSTIC CENTERS
AND ZDP.
Qur discussion of classic filter shapes which we
use for crossover networks is about the electrical
response of the filters (their wansfer function)
and the summation is an electrical, or voltage,
summaticn. In order for the same phase and
magnitde consequences which we've described
for the newworks 1o occur acoustically, which is




our goal, we must make certain assumptions. Our
most important assumption is that the radiation
by the two drivers must be coincident. This means
they must radiate from the exact same point in
space and time. This doesn’t, however, describe
the way the majority of loudspeakers work.

The only loudspeaker types which have high-
pass and low-pass drivers which radiate from the
samne point in space are coaxial types. These usu-
ally have a downe tweeter mounted on top of the
woofer pole piece so that the radiating positions
are nearly identical {unlike horn-loaded drivers
mounted coaxially with woofers, where the horn
tweeter's voice coil may actually be posilioned
some distance behind the woofer voice coil).
Although we're seeing a recent resurgence of
these designs in highend loudspeaker manufac-
turing (including several from KEF and Tannoy),
the vast majority of loudspeakers have nancoinci-
dent drivers separated both verticatly and hori-
zontally, like the one depicted in Fig. 7.7.

When noncoincident drivers are used for dif-
ferent frequency ranges, the radiating origins are
separated in both the horizontal and vertical
ptanes. Vertical separation has a number of con-
sequences which have been well documernted.®’
Lobing is the most important problem in radia-
tion patterns (refer to Chapier 6, Fig. 6.4). The
wider the separation the worse the lobing. The
only solution is to minimize driver separation
and make certan no low-pass/high-pass driver
combination is separated by a distance greater
than one wavelength at the crossaver [requency.

Vertical separation of drivers can also cause
radliation pattern tilt depending upon the type of
crossover network being employed. The first- and
third-order Buttcrworth all-pass networks have a
frequency dependent tilt in the vertical polar
response, as illustrated in Fig. 7.8. For a first-
order filter, if no herizontal driver separation
exists, and the vertical separation is no greater
than one wavelength at the crossover frequency,
the tilt is about 15° downward for a normal
polarity connection, and 15° upward when the
relative polarity between filter sections is
reversed (the directions of the tlt are reversed
for the third-crder filter). The iobe axis shifiing
occurs because of the 90° phase difference in the
high- and low-pass sections. All in-phase net-
works, which includes all even-order networks,
do not have the same frequency dependent tilt
and exhibit a symimetrical vertical polar response
(assuming no horizontal offset).

The radiation pattern will also be inclined
because of the horizontal displacement of two
noncoincident drivers, The amount of till, §,
depends on the ratio of vertical and horizontal
displaceinent and can be calculated by:

f= Tan~! d—]r'n deg rees
a2

This tilt in the on-axis radiation will be in addi-
tion 1o any phaserelated frequency dependent
lobing caused by the use of odd-order networks,
and will also maodify the syrminetrical yadiation

ZDP

/
\

FREQUENCY - Hz

GROUP QELAY

LOCATIDN CF DRIVER
ACOUSTIC CENTER
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FIGURE 7.9: Driver

acoustic center.

pattern of in-phase networks.

The exact location of the driver radiating cen-
ter, or zero delay plane (ZDP), can be somewhat
of a mystery. When calculating the horizantal
offset distance (or the amount of time delay
caused by that distance) for crossover design pur-
poses, the only important factor is the relative
amount of offset and not the driver acoustic cen-
ters. A loudspeaker's acoustic center varies with
frequency and by definition is a function of the
natural phase response of the driver®!! The dia-
gram in Fig. 7.9 illustrates the relationship
between Lhe acoustic center of a speaker and the
tune delay function. At lower frequencies where
the group delay (derived froru the slope of the
driver phase response) is greatest, the acoustic
center of the speaker can be a substantial dis-
tance behind the driver ZDP. In terms of
crossover design, when driver responses are
shaped to match the network filter transfer func-
lion, the phase response of the driver has been
accounted for, and the frequency dependent
changes in the acoustic center are not velevant.

For most purpoeses, such as calculating the
radiation tilt caused by horizoutal driver offset,
the radiating center may be assumed to be the
center of the voice coil for either cone or clome
type drivers. The voice coil center position for
any dviver will always be the midpoint of the dri-
ver frontplate. Using the voice coil centers will
do a reasonably good job of establishing the rela-
tive difference in the ZDPs between two differ-

FIGURE 7.10: Z0P

reference axis.
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end drivers. The exact acoustic position of the
driver ZDP can be somewhat different than
expected depending on the construction of the
speaker, Determining this, however, cannol be
done without the aid ol sophisticated test gear:
For example, cone drivers tend to radiate from a
point just in {roat of the apex of the cone.
Measuring this exactly can be done by impulse
analysis using ETCs (Energy-Time-Curve) for the
two drivers, and subtracting their tine differ-
ence to get their relative separation distance, or
by determining the time delay from the micro-
phone w the beginning of the ympulse. Another
technique is 10 use a shaped tone burst genera-
tor'? driven at the crossover [requency and using
an oscilloscope o align the drivers, The offset is
then physically measured. Often the relative dis-
tances you calculate with nore sophisticated

techniques will be nearly the same as the dis-
tance you measure from the center of the gap.

You can see the effects of driver offset on the
reference axis of the speaker in Fig. 7.10. The dia-
gram shows the different ways that the axis of
zero inter-unit time delay will be affected by the
driver mounting configuration.’® The A configu-
ration is typical of most two-way designs with the
tweeter mounted above the woofer. The ZDP axis
for this configuration is off-axis woward the floor.

When measured on the 0" listening axis, the
delay caused by misalignment of driver ZDPs will
induce response variations in the crossover
region.!* 1f the distance js sufficient at the wave-
length of the crossover frequency, a complete
null will occur at the crossover frequency. For
example, a 3kHz second-order Butterworth net-
work will show a null for the reverse polarity con-
nection if the drivers are offset by 2.25”. The dis-
tance js a time delay of 166ps, which is exactly
one-half wavelength at 3kHz. If the drivers are
coiucident, the reverse polavity condition will
vield a flat response. Different filter types and
slopes have different sensitivities to misalign-
mnent. This will be detailed for each filter type in
Section 7.30.

The ZDP axis in A could be relurned to the 0°
listening axis if the tweeter were delayed by the
appropriate amount. If the horizental separation
distance were 3”, then the time delay required to
bring these two drivers back into the same radiat-
ing plane would be:

ty =42

8 ¢
where C is equal o the velocity of sound in inch-
es. [n this case (3/13560) = 22 1ps.

Experts ofien suggest the inverted driver posi-
tion in B when you use odd-crdernetworks (nor-
mal polarity first-order, and reversed polarity
third-order) in order to compensate for the
downward polar tilt caused by the phase differ-
ence between the high- and low-pass sections.
The radiation tilt from the driver geometry cas-
es a +15° tilt, which, when added to the -15° ult
caused by the odd-orderfilter, yields a 0* ZDP
reference axis (provided the d, and d, distances
have been appropriately accounted for).

Figrgre 710D itlustrates another method some
use for making ZDP axis the same as the 07 lis-
tening axis. For this case the ZDP has been rilied
upward by sloping the front baffle, in order 1o be
coincident with the listening axis. However,
although the ZDP axis location has changed,
using a sloped baffle is not equivalent to having
the two driver radiating planes aligned as in C,
or using electronic time delay correction to align
the high-pass driver as in A or B.

To demonstrate this, 1 measured two identical
drivers {using MLSSA and the ACO micro-
phone) first, using time delay offset o correct for
the physical offset delay; and second, measured
at an off-axis position equivalent to using a
sloped baffle. The horizontal separation was 4"
and the vertical separation was 10.5”. Using the
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above formula, the ZDIP would be about 20° from
the 0° axis (Tan™! 4/10.5) for the two drivers
mounted on the same baffle. [ simulated the
crossover in the LEAP program as a fourth-orcler
Linkwitz-Riley active network at 1.2kHz. In order
to make the vesults easier to interpret, 1 switched
around the sainc driver and used it for both high-
pass and fow-pass measurements, so the combined
response, il corvect, should be identical o the sin-
gte clriver vesponse. figwre 7.11 shows the results
of the two non-coincident drivers measured on
the 0° listening axis, the low-pass with a 4" offset,

and the high-pass driver corvected with 295us of

delay. The combined response is compared on the
same graph with the two individual high-
pass/low-pass driver responses {without the net-
work). The summed response with the delay cos-
rection is nearly identical to the two single driver
YESPONSES.

Fgure 7.12 shows the same Lwo drivers mea-
sured 20°off-axis withoul the corrective time delay,
but using the samc fourth-order active crossover (il-
ters, The combined off-axis measurement is com-
pared with the individual driver olfaxis measure-
ments. Obviously, the phase relationships are not
exactly the same ofl-axis as they are on-axis and

delayed, and thus, the wwo methods of correcting
driver offset do not produce equivalent results.

The radiation tilt and phase shift consequences
described for noncoincident drivers are usually
only a concern al crossover frequencies above
700Hz. At higher frequencies the Lypical physical
offsets (in relation to typical driver dimensions)
will cause a phase change which js a sufficiently
Jarge percentage of the relevant wavelength at the
crossover frequency to be significant. For examn-
ple, a 27 offset at 500Hz will only produce a 7%
change in phase, which is relatively trivial. The
same 2” offset at 3kHz will produce a 44% change
in phase, which is substantial.

7.24 CROSSOVER NETWORK
POWER RESPONSE.

Power response for a loudspeaker is more or less
the same thing as its off-axis response. Il hypothet-
ically you disregard directivity for the purpose of
this example, the power response could be derived
by integrating multiple off-axis freeficld measure-
ments. If you conbined all the possible off-axis
measurement points, and found their average, that
would be the power response,

Conventional wisdom says the power response

CROSSOVERS:

PASSIVE AND
ACTWVE
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of a muitiway loudspeaker with a crossover net-
work 1s devived dilferently than the on-axis
vesponse. 1517 This means all fillers sum on-
axis as scalar quantitics with correlated phase,
while the oflaxis power response is caleulaled as
an RMS quantity as il phase were uncorrelated.
Although there is some disagreement as to what

importance, if any, should be given 1o the power
response dilference between even- and odd-order
(ilters, the methodology is specific.

The main consequence of this crossover power
response idea has been the recognition of the (il-
ter ¢lass known as CPCs, or Constant Power
Crossovers. GPCs are supposedly the evenorder
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Burterworth networks, which, as [ mentioned
above, sum to +3dB on-axis when their high-pass
and low-pass sections are phase coincident. I( the
powel response sums as uncorrelated signals,
which arc 3dB less than correlated signals, it
inpiies that the power respense of an even-order
Butterworth network is then flat, since s two

sections are 3dB down at the crossaver frequency
{~3dB + 3dB = 0). This also implies that even-
ordered Linkwiw-Riley networks, which sun flat
when (heiv high-pass and low-pass sections are
-6l aL the crossover frequency, do not have a
(lat power response but have a dip ol -3dB. Odd-
order Butterworth (ilters, which already have
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uncorrelated phase on-axis, fit neatly into this
picture, and are also considered CPC and to have
a flat power response.

Although it is not popular to go against the
mainstream of thought in any field, this view of
power response is simply not correct. The realt-
ty is much simpler. In-phase high- and lesw-pass

filters sum as scalar quantities both on- and off-
axis. Phase quadrature high-pass and low-pass
filters sum as an RMS quantity both on- and off-
axis. Calculating a crossover's power response as
though the signals arc uncorrelated is unjusti-
fied, in my view. If, for example, you are sum-
ning two speakers located on the opposite sides
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of an auditorivn stage, taking their place as
uncorrelated in the power domain would cey-
tainly be justified and correct. But when two
drivers are mounted on the same baffle, radiat-
ing from very nearly the same plane and being
fed by the same program material, there is no
other way Lo process the two signals as being

anything but phase corvelated. They are phase
correlated on-axis and they are phase correlated
in the power domain. No difference exists
between the power response of any crossover
network and the on-axis response. There ave no
separate categories of filters, such as CPCs,
which are more useful for situations dominated
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by a reverberant {ield than those where direct
soundt dominates.

7.30 TWO-WAY CROSSOVER
CHARACTERISTICS.

Twelve different two-way crossover types have

been applied to loudspeaker design. They are:

first-order Butterworth, second-order Butter-
worlh, sccond-crder Linkwitz-Riley, second-order
Bessel, second-order Chebyshev, thivd-order
Butterworth, fourth-order Butterworth, fourth-
order Linkwitz-Riley, fourth-order Bessel, fourth-
order Legendre, fourth-order Gaussian, and
fourth-order Linear Phase. Fach has its own set
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of response, phase, and group delay characteris- +10dB
tics as well as differing levels of sensitivity to dri-
ver horizontal offsets. The following individual
descriptions of these crossover functions illus- . +450
. 0dB
traie the operation of the networks at 1kiz. The .
effects of horizontal driver offsets are shown for ,*"'“."'-';
1” and 2 which amount 1o 74js and 147ps of 3
-10d8

delay, respectively. The effects shown will be
exactly the same for different frequencies, but
with proportionately different offset delay dis-
tances. The table below gives the relationship for
distance and different offsets:

Frequency Offset Distances
0.5kHz 1” 2" 4"
1kHz 0.5" 1 27
3kHz 0.17" 0.38" 0.67"
5kHz 0.1” 027 0.4

In other words, what holds true in the descrip-
tion of the operational character of the network
at 1kHz with 17 of horizontal driver separation
will be exactly the same at 3kHz with 0.93” of
separation, and 0.2” of separation at 5kHz, and
50 0N,

1. First-order Butterworth
The normal polarity first-order Butterworth
crossover is an all-pass type and the only network
listed which has a minimum phase response. This
means its outpt has the same frequency magni-
tude and same phase as the input signal, and sat-
isfies all the criteria for a constant-voltage net-
work.'® At points equidistant from both drivers,
the sum of the driver outputs, using first-order fil-
ters, produces zero phase distortion (Fig. 7.13).
This describes the operational characteristic usu-
ally referred 10 as phase coherent or linear phase.
This crossover sums flat with both high-pass and
low-pass sections at -3dB at the crossover frequern-
cy, as shown in Fig. 7./4. The summation is Elat
for either normal or reversed polarity. The phase,
shown in Fig. 7.15, is 90" apart at all frequencies
for each section, and has a flat zero magnitude
for the summation. Because of the 90° phase dif-

D'APPOLITC NETWORK=e+s~s
L-R NETWORK ——

FIGURE 7.50: Vertical response comparison.

ference, a -15° Lill will occur in the vertcal polar
response with high-pass and low-pass driver sepa
rated by a distance of one wavelength at the
crossover frequency {+15° for the reversed polari-
ty connection). This reversed polarity connection
shows all-pass phase for its sumimation and is not
minimum phase as the normal polarity. The
surmmed group delay curve in Fig 7.6 shows the
normal polarity crossover group delay at zero,
with both high-pass and low-pass scclions at
0.164s. The group delay lor the reversed polarity
network, unlike the mormal polarity connection,
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i5 not zero, and is about 0.32ps.

The firstorder Butterworth's minimum phase
characteristic exists only in a narrow window,
which requires nearly exact driver alignment.
The responsc, pbase, and group delay curves
shown in Figs. 7./7-7.19 are with a 0.5” offset.
The phase and group delay are no longer mini-

mutn phase and the frequency response exhibits
a broad dip of neatly 2.5dB. The response pic-
ture with 17 and 27 offsets, illustrated in Figs.
7.20-7.21, show response variations up to 10dB,
spread over more Lhan six octaves. The first-
arder Butterworth is abviously very sensitive (0
driver alignment.
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The first-order Butterworth is also very sen-
sitive Lo driver resonance within the crossover
stopband {attenuation rangc).‘i This, plus the
usually insufficient atlenuation rate o prevent
driver distortion, and the [requeney depen-
dent polar tilt, seemingly make this simple net-
work a poor choice for loudspeaker applica-

tions. However, this filter has enjoyed great
popularity and has something near cult follow-
ing in certain “audiophile” circles. Since the
preference is by no means universally
embraced, and the minimum phase character-
istic has yet to be established as audibly supe-
rior, the choice remains a subjective one. It is
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part of what some consider the “arl” of loud-

speaker desigin.

2. Second-order Butterworth
This contiguration was, at one time, the network
of choice for manufacturing, although it has heen
mostly discarded for the all-pass class of

160 crassovers. The nelwork frequency response,

phase, and group delay are shown in Figs
7.22-7.24 (o offser). The phase for the normal
polarity version is 180° out and causes a virtual
null in the respense, while the reverse polarity
connection is in-phase and the network sums to
+idB. Most sources recommend the reverse polar-
ity conrection; however, its success will depend
on driver alignment. The filier () is 0.707 and the
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summed group delay shows a small rise just below
the crossover frequency (group delay is the same
for the high-pass, low-pass, and summed normal
and reversed polarity).

All second-order filters are less sensitive 1o dri-
ver horizontal alignment than the first-order [il-
ter. Fgures 7.23 and 7.26 show the response
changes for 1" and 27 offsets. At 17 there is abmost

no response variation, and no rveally drastic
changes at 27 If Lthe offset were one haif a wave-
length at the crossover {requency, which is 6.78”
al 1kHz, the phase is reversed and the normal
polarity connection becomes in-phase instead of
proclucing a null (the reversed polarity would now
produce a null).

As T observed

carlier, the even-order
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Butterworth (ilters will sum [lat, or nearly so,
when combined at -6dB for high-pass and the low-
pass. Figure 7.27 shows the cffect of wultiplying
the high-pass crossover frequency by 1.3 and the
lowpass frequency by 0.7692 (1.871) 10 achieve 2
ncaly (lat respunse (for zero horizontal olfsed).

Another imporlant observarion is that offset
response variations can be corrected somewhat
by altering the high-pass and low-pass frequen-
cies, in the same manner as above, for causing
the second-order Butterworth to sum flat. fgure
7.28 shows the response varations for a 27 offset
given in Fig. 7.26, minimized! by shifting the fileer
section frequencies by a factor of 1.1. While
using this Lechnique is unlikely to produce an
absalutely flal response, it's one way of dealing
with driver offsel magnitude changes without
resorting e physical or electrical delay.

3. Second-order Linkwitz-Riley

The second-order L-R crossover is an all-pass cou-

figuration which sums to a flat magnituce with
the high-pass and low-pass filters ai -6dB at the
crossover frequency. The magnilude response,
phase, and group delay graphs are shown in Figs.
7.29-7.31 (no offset). The phase and polarity rela-
tionships are the samne for all second-order filter
types, so whal was (rue for the second-order
Butlerworth also obtains for the L-R flters. The
Q of the L-R [ilier is 0.49 {the square of the
Butterworth (), and the summed group delay
curve has a magnitude, but is [tat (the group




delay is the same for the high-pass, low-pass, and
sumrmed responses with both polarites).
Sensitivity to driver offset for all the second-
order filters is identical. Figures 7.32 and 7.33 show
the response changes caused by 1” and 27 offsets.
The flat magnitucde response, low sensitivity to
offset, and in-band driver resonances have macle
the I.-R a popular choice among manufacturers.

4. Second-order Bessel
The second-order Bessel filter is similar to the
Linkwitz-Riley filter, only it has a somewhat high-
er (3, 0.58, and does not sum flar, so is not an all-
pass crossover. The response, phase, and group
delay curves are shown in [igs. 7.34-7.36 (no off-
set). The magnitude respense is about +1dB3 for
the reversed pelarity connection. Phase js the
same as other second-order crossovers. The
summed group delay is flat tike the L-R
crossovers with slightly less magnitude,

Sensitivity to driver offset is the same as the
other second-order filters as shown in Figs. 7.37
and 7.38 for 1" and 2" offsets. This crossover wilt
sum flat if the high-pass and low-pass frequencies
are altered by a factor of 1.1, as illustrated in Fig:
7.39. When forced to sum as a flat magnitude,
the summed group celay for this filter is no bet-
ter than the 1R filter.

5. Second-order Chebyshev

The second-order Chebyshev crossover is not
often used, unless the (Q, which 15 1 in this exam-
ple, is used to combine with a low driver response
Q to achieve some particular target response. The
frequency response, phase, and group delay are
given in Figs. 7.40-7.42 (no offset). The response
sums at +6dB and the suinmed group delay has a
substantial “knee,” wbich is indicative of low
damping. Sensitvity to driver offset is typical of
second-order filters and is not shown. The filer
can be made to sum within +2dB of flat by shift-
ing the filter section values by a factor of 1.5, as
shown in Fig. 7.43 (with no offset).

6. Third-order Butterworth
Like the firstorder Butterworths, the third-order
types sumn flat with each section at -3dB at the
crossover frequency, and are all-pass. The
response, phase, and group delay are shown in
Figs. 7.44-7.46 (no offser). The response is flat for
both connection polarities; however, the surnmed
group delay is flat with a relatively low magnitude
for the reverse polarity connection, and has a
sharply higher magnitude “knee” in the group
delay for the normal polarity connection. The
reverse pelarily is normally considered preferable
because of the improved group delay. Like the
first-order filter, the third-order Butterworth
exhibits a 15° tilt in the vertical polar responsc
due to the 90° phase difference in the highpass
and low-pass sections. The tilt is +15° for norinal
polarity and -15° for reverse polarity.

Third-order Butterworth crossovers also exhib-
it low sensitivity to driver offset as illustrated in
Figs. 7.47 andl 7.48 for 1" and 27 offsets. Figure

7.49 shows the effect of shifting the high-pass
and low-pass filier section frequencies by a factor
of 1.2 with a 2” offset. The response is corrected
to a nearly flat magnitude.

The third-order Buiterworth has gained popu-
karity by its use in the M-T-M (mid-tweeter-mid)
driver configuration described by Joe D’Appolito.
The combination of third-order filter and the di-
ver geomeury yields a fairly smooth vertical polar
response, as shown in fig. 7.50. The idea original-
ly was to eliminate the lobing ervor normaily
found in even-order fikers when drivers are non-
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FIGURE 7.81: Possibie
bandpass circuit topography.

coinciclent. However, the lobing is relatively inof-
fensive for listening, and later versions of the
D’Appolito designs use the same driver configu-
ration, but with fourth-order L-R acoustic
slopes. ' The higher slope rate has its advantages,
and the M-T-M configuration keeps the axis from
being tilted because of the horizontal driver off-
sets. In this case, the drivers need not have zero
offset for the polar pattern (o stay on the 07 axis,
and a flat response can be achieved by optimizing
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the crossover frequency. Aligning drivers is less
important for high-quality sound than flat
response and good polar behavior. At most, align-
ing drivers by time will force predictable polar
behavior and make achieving a flat response
somewhat easier. The main advantage of the M-T-
M configuration is the control it gives the design-
er over the vertical polar response behavior.
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7. Fourth-order Butterworth
We build fourth-order filters by cascading two
second-order types. Since the Qs of the second-
order scctions of the fourth-order Butterworth
are 1.307 and 0.541, the total Q is (.707. The
response, phase, and group delay of the fourth-
order Butterworth is depicted in Figs. 7.51-7.53
{no offset). Like the second-order Butterworth,
when the phase is coincident, the filter sumns to a
-5dB for both high- and low-pass filters, giving a
+3dB peak at the crossover frequency, but with
normal polarity connection instead of reverse
polarity. The out-ofphase null with fourth-crder
filters comnes with the reverse polarity connec-
tion. The sminmed group delay of the filter
shows a knee or peak just below the crossover fre-
quency. Fourth-order filters have nost of the
attributes of second-order types, except Lhe
mereased attenuation yields lower driver distor-
tion. Also, ininimum overlap means that any neg-
ative mutual radiation effects will occur only over
a relatively small range. The only drawback is the
possible inscrtion loss caused hy the DCR of the
two inductors in a filter section.

Because ol the decreased amount of overlap,
fourth-order filters arve less sensitive to driver of -
set than sccond-order filters. Figures 7.94 and
7.55 show the response variations for 1” and 2”
offsets, which in both cases is minimal. The

fourth-order Butterworth will sum nearly flat if
the high-pass and Jow-pass sections combine at -
6dB. This can be accomplished by altering the
individual filter section frequencies by a factor of
1.13, as shown in Fig. 7.56. If driver offset is
taken inte consideration, the ratio of frequency
change can be adjusted to cause a flat response
to occur. The graph in Fig. 7.57 shows a 2” offset
corrected with the filter frequencies changed by
a factor of 1.05.

8. Fourth-order Linkwitz-Riley
The fourth-order L-R crossovers sum to a flat
magnitude and belong to the all-pass category of
crossovers. Both secondorder sections have a ()
of 0.707, for a total Q of 0.49, which is why this
filter is sometimes referred to as the squared
Butterworth filter. Figures 7.58-7.60 show the fre-
quency response, phase, and group delay for this
crossover design. The surmmuned group delay mag-
nitude shows a slight peak just below the
crossover frequency.

Sensitivity to driver offset is low, as with other
fourth-order filters. Figures 7.61-7.62 show the
response variations for 17 and 27 offsets, which
are both minimal. The flat magnitude response,
high attenuation rate, and low sensitivity to offset
error makes this one of the hest tweeter filters.

9. Fourth-order Bessel
These do not sum to flat magnitude and are not
all-pass crossovers. Figures 7.63-7.65 (no offset)
show the response, phase, and group delay for
this crossover design. The response yields a
1.5dB dip at the crossover frequency, while the
summed group delay is flat.

The fourth-order Bessel can be inade to sum to
a nearly flat magunimde by aliering the high-pass
and low-pass filter frequencies by a factor of 0.9
(overlapping the filters), as shown in Fig. 7.66. The
resulting summed group delay, given in Hg. 7.67,
is about the same as the fourth-order LR filter.

Sensitivity to driver horizontal offset is low, as
shown in Figs. 7.68 and 7.69, for 1” and 2" offsets.

The Jast three fourth-order crossovers are a spe-
cial class of asymmetrical networks. They are
asymmetrical because of the way they are con-
structed. They don’t have “circular poles” as do
the previous filters (all except the Chebyshey,
which has poles located on an elliptical plane), but
rather a mutated plane which facilitates their
derivation. The fourth-order Butterworth, Bessel,
and Linkwitz-Riley are all formed by two cascaded
sections with the same () and corner frequency.
These three asymmetrical fourth-order filters have
second-order sections with dissimilar Qs and
skewed corner frequencies. Thus, no second-order
implementations of these filters are possible.,

While soine have expressed interest in using
these filters in loudspeakers, 1 believe they have
no advantage over the fourth-order L-R
crossovers, and have the disadvantage of being
highly sensitive to parameter variation. This
makes thein neither useful for manulacturing nor
attractive for amatewrs. 1 include them because of




the interest some have expressed and to clear up
any misconceptions about their viability.

10. Fourth-order Legendre

This type has a response similar 1o a Chebyshev
filter. Its frequency response, phase, and
summed group delay are shown in Figs.
7.70-7.72. The asymmetrical nature of the filter
is evident from the phase plot, which shows the
low-pass skewed from the high-pass. The
summed gvoup delay is also similar 1o a
Chebyshev and shows substantial peaking. The
filter sums to +5dB for the in-phase condition.
The Legendre can be forced to sum to nearly flat
by altering the high-pass and low-pass frequencies
by a factor of 1.15, as shown in Fig. 7.73.
Sensitivity to driver offset is low, as with any
fourth-order filter,

11. Fourth-order Gaussian
The frequency response, phase, and summed
group delay for the fourth-order Gaussian
crossover is illusirated in figs. 7.79-7.76 (no off-
set). The crossover sums to nearly flat for the
normal polarity connection, and has a summed
group delay similar to a Bessel filrer.

12, Fourth-order Linear-Phase

The name sounds atrractive, but again the asym-
metrical derivation makes this filter’s suitability
questionable. The frequency response, phase,
and summed group delay are given in Figs.
7.77-7.79 (no offset). The filter sums to nearly
flat for the nermal polarity and has a summed
group delay which is fairly flat and sinilar to the
Bessct fourth-order crossover.

7.31 TWO-WAY NETWORK

DESIGN FORMULAS.
The following design forinulas can be used lor
deriving symmetrical high-pass/low-pass
crossover networks. The schematic diagrams
in Fig. 7.80 illustrate the required circuit
topography. Values are in henries (L), farads
{C), ohms (R), and hertz ().

7.40 THREE-WAY CROSSOVER NETWORIKS.
Two-way networks describe a nearly ideal situa-
tion. Adding an additional driver and a second
crossover frequency, however, considerably com-
plicates the situation. Because of the comproniises
and tradeoffs about to be described, it is a good
time to point out that if you are considering a
three-way speaker, you should seriously consider
using an active network for the second frequency
division point. Although requiring an additional
amplifier as well as the electronic network, the
advantages are quite substantial (Section 7. 100).

It has been established that three-way networks
cannot be satislactorily derived by combining two
two-way networks.® The situation is fuvther com-
plicated by a choice of several circuil pologies.
Uunfortunately, each of the three-way bandpass [il-
ter topographies illustrated in fig. 7.8/ will pro-
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¢, - 09t L, - 2756R
R f f
Butlerworth
C = 1125 L = 225tRu
Ry f {
¢, = “25 s = :225]R'
R f {

Chebychev {Q = 1)
.1 .1592R

Cl = ng I_,I = H
Ry f {

G, = 1592 Ly = J1592R,
R. f
Third-Order Networks

Butterworth

c, - Losl L, - 1194Ry
Ru f f

C, = 3183 Ly = 2387R,
Ry f f

c, . 222 L, - Q796R.
Ry f {
Fourth-Order Networks

Linkwilz-Riley

o, . 084 [, o -1000Rs
Ry f f

C = 1688 Ly = 4501Ry
Ry f 1

C, = 2533 Ly = J3000R,
Ry f {

C, o 0563 L, o -1500Ry
Ry f f

Bessel

¢, o 0702 L, o 862Ry
Ry [ f

c, = 4719 [, - 4983Ru
Ry f {

C, = 2336 L. - 3583,
Ri! f

Co = 004 L, - :MB3R
R|_ [ {

Butterworth

C = 1040 L = .1009Ry
Ru [ f

¢, = 1470 Ly = 4159Ry
Ry f {

o, . 2509 L, < 2437R
Ry f f

C - 0609 L = 1723R,
Rif f




Legendre
C = 1104 L = 1073Ru
Ru f {
C, = 1246 L = 2783Ry
By | {
Cy = 2365 Ly = 2294R .
R f {
C, = El L = 2034R,
Ry f [
Gaussian
¢, - 0767 L, - LLi6Ra
Ry f f
Cy = 1491 L = .3251Ry
Ry f f
Cy = 2235 Ly = J3253R,
Ry f f
Cy = 0768 L = 1674R L
Ry f {
Linear-Phase
C = 0741 L = 1079Rm
Bu f
c, - 1524 [, - 3853y
Ryl f
C, = 2255 L = 3285R,
R, f {
Ca = 0632 L = ._1578RL
Ruf f

duce a different response sbape. Clarifying all of
this, Robert Bullock offers a complex derivation
which considers muwal loading problems caused
by the cascaded filiers in the bandpass section.
This information is provided in his JAES presen-
tation “Passive Three-Way All-Pass Crossover
Networks,”® along with some practical realiza-
tions given in his “Passive Crossover Networks”
article in Speaker Builder 2/85. A *T” bandpass
topology is also an alternative for three-way net-
works presented in Speaker Builder 2/87. This
more complex circuit design has less input
impedance sensitivity than the standard type, but
for the circuits described below, this should he of
N0 Consequence.

7.41 CHARACTERISTICS OF
THREE-WAY NETWORKS.

Unlike two-way networks, no three-way networks
are both APC and CPC. Most of what was said
about polar response and power response, however,
is more or {ess the sarne. The exception is the odd-
order APC, which has a response dip of 1-2dB,

Probably the most important characteristic (o

consider is the effects of the spread between the
crossover frequencies. Generally speaking, the
further apart the two crosspoints are, the better
the combined response of the drivers will he
(three octaves is a good starting point).}?
Crosspoints closer together than the three-octave
ideal will suffer from complicated, undesirable
interference patterns.

The design formulas in Seciion 7.42 (see Fig.
7.82) represent what I consider to be the best net-
work type and crossover frequencies for mini-
mum interdriver interference. They are also prac-
tical for speaker formats inost likely to be fol-
lowed by speaker builders and limited-production
manufacturess,

7.42 THREE-WAY APC NETWORK
DESIGN FORMULAS,

The design formulas (Fig. 7.82) are configured
for two basic pairs of crossover frequencies most
often used in three-way loudspeaker systems.
Each pair represents a different frequency spread
between the midrange-to-lweeter crosspoint (f)
and the woofer-tonidrange crosspoint {f, ). The
1wo frequency “spreads” chosen represent (A} 3.4
octaves {f,,/f;=10), and (B) 3 octaves (fy,/f; =8).
The (A) crossover formulas can be applied to
3kHz/500Hz, useful with woofer/mid-woofer/
dome-tweeter formars, and bkHz/500Hz, useful
with woofer/small canister or dome midrange/
tweeter formais, The (B) crossover formulas can
be applied to 3kHz/375Hz, useful with
woofer/mid-woofer/tweeter fornats, as well as
5kHz/625Hz and 6kHz/750Hz, both usefwl with
wooler/small canister or dome midrange/tweet-
er formats. For other ¢rossover [requency
spreads or network types, refer to Bullock! and
be prepared to do a ot of calculating.

When you use crossover frequencies in the
300Hz or lower range, inductor values can be
targe and have substantial inscrtion losses. You can
compare inductor losses by using the following:

where

R
Lr= 20!0310(——'—”
R + Ry J
L; =inductor losses in dB
R, = driver impedance
R, = wlal measured inductor resistance
(DCR)

Using the three-way networks will result in a
bandpass filter stage gain increase. You can use
this figure, provided for each network example,
when you compare driver efficiencies. The
midrange driver in a three-way system would
have a total etficiency in dB equal to:

Total Driver Cain = {driver ref. eff) + {band-
pass gain) - (inductor loss).

Eor all the design equations presented,

fm = (£, x )%

CROSSOVERS:
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COOKBOOK (Al Rt g fe
B! .
C, = 1390 L, = -Q458Rm C, - 2126 L, - 745R
Ry fy fa Ry fL fi
.5540 1592R
C = Lz = : Bandpass Gain = 1.6dB
Ru fm i
(B)
B
(B) o, - 0980 L, - 190w
C = 1590 L = .0500Rpm Rufn fw
Ru Mu fm Gy = 3459 Ly = .0711Rn
f f
C, - 5070 L - 1592R, Rufu M
Rat fnt fi C, - 0768 L - .0254Rm
Rme fM
Second-Order APC
{reverse polarity bandpass) Cy = 2793 L = 3951Ry
(A Rufm fps
.061 2586R
C, = o7t L, - 3202Ry - Lo = L
Ry fu i Rmfpm (.
. 0732R
C, - 3236 L, - L0291Ry Co = 2129 Lo = 0732Re
R fu fM RLfL f)_
C - 0227 L= .0837R
1= e Bandpass Gain = 2.1dB
Rm fM fM .
[normal polarity bandpass)
) L o 3200R (A)
Ry fy fL
C = 1138 L = .1191Ru
RHfH fH
Bandpass Gain= 2.08dB
(Bl Cy = .2976 L = {0598R
Rufy fas
c, - 0788 L, - 3217Ry
et fs iy C, = 0765 Ly = .0253R
RMrM fM
C, = 3046 Ly = 8320R
R fas far Cy = 3475 Ly = 3789k
Rn\ifM fM
C 0248 L, 0913Rx
) = = ZIVBM
Ra for far Co = 1.068 L, = 2227R
R.vlfM rL
o . 088 L - J2U7R
L = - et
R, i Cy = 2127 L - .0852R,
Refe {

Bandpass Gain= 2.45dB
Bandpass Gain = .85dB

{B)
Third-Order APC
jreverse polarity bandpass) C, = 1158 L, = 1189Ry
(A) RHfH fn
C = .0995 L = 1191Ru C, = 2927 Ly = %@ﬂ
Ru fiy fu Rufw fn
0884
C, = .3402 L, = 0665Rwm C, = 088 Ly - 0284
Ru fy fm Rmfm fm
A112 .
C = _.g68f3 Ly = 0233Rm Cy = - Iy 3 3395Ru
LY fu Ryfn f
O : L = 4285Ry C; - 2667 L, - 2187R,

168 Rt far fu Radfm "




Cq = 2130 Lo = .0866R1
Rifi. fL
Bandpass Gain = .99dB

Fourth-Order APC
(A)

o, . ous Ly - 1008Rs
Rufy fn

o, . 1686 [, - M69R
Rufn fu

C, = 3843 L = 2617Ry
Rulm i

Co = 5834 Li = 1.423R
Rafrs fas

Cs = .0728 Ls = .0939R
Rafn fm

o, - 0162 L o O
Ratlas {m

o 2 L 2987R,
RLfL i

Cs = 0567 Le :.KSUZRL
Rufy i
Bandpass Gain= 2.28dB

{B)

o - 089 L - 00TR
Ruly fu

C, = _.)_685 Ly = 4450Ry
Ruly {u

Cy = 3774 Ly = 2224R
Ritfu fas

C, = 5332 L = 1.273Rn
Ruiln ¥

Cs _ 079 Ls = -1040Ry
Rumfum {n

o, . T L, - 4S0R
Rmln s

c. . 2515 L . 2983R,
Rify i

CS - 0369 [13 - -ISOEBL
Rif, fL

Bandpass Gain = 2.84dB

7.43 APPLICATION OF CROSSOVER
NETWORK FORMULAS.

The formulas presented here for crossover

design will yield the acoustic response indicated

by the characteristics of the filter type onty if

these conditions are met:

1. The filter is terminated by a flat magnitude,
ze1o phase impedance.

2. The response of the driver extends 1.5-2
octaves froimn the crossover frequency through
the network stopband (up in frequency for low-
pass filters, and down in {requency for high-pass
filters} with a reasonably flat response.

3. Both high-pass and low-pass drivers are radi-
ating from the same plane. If you falt short on
any of these conditions in doing your crossover
design, your results won't match the predictions.
Only two methods will be useful in this case. The
first is simple wrial and error. With this method
the formulas can only give you a ballpark range
of what you nced. You measure the response,
adjust a network value, re-measure, adjust again,
and so on until you get the response you wish.
This ts, in reality, the most conunon design tech-
nique manufacturers use because the variables
you must deal with leave you little choice. The
key is Lo devise a rapid or realtime measurement
system which gives you nearly jmmediate feed-
back, such as a high-speed FFT analyzer, succes-
sive sine-wave sweeps, or a high—quali[y real-lime
analyzer (RTA).

The other method is to use a computer-based
circuit optimizer programn. These are becoming
increasingly popular and effective. Computer-
aided engineering (CAE) programs for loud-
speakers, including network optimnization soft-
ware, are discussed in detail in Chaprer 9,

Your design problems can be minimized if you
do the following:

A. Regarding the first rule, you needn’t have a
flat impedance to achieve the response you
desive from a speaker, but il's easier if you do.
Other benefits accrue in the quality of the ampli-
fier/speaker interface, as well as overall danping
of the driver, which occurs if the load impedance
is flat. Changing the iinpedance of a driver from
the typical toad into a reasanably (lat inagnitude
requires Lhe use of conjugate filters tuned to the
speaker’s particular parameters. This is discussed
in Sections 5.50-5.52. Unless you are willing to
completely rely on twial and error procedunres,
start your network design project by correcting
the impedance of the drivers.

B. AbouL rule 2, having the appropriate
response extension 15 not always possible, but is
mostly dependent on driver directivity, low fre-
quency extension, the selected crossover frequen-
cy, and choice of crossover slope. The first con-
sideration is that the extension amount can be
less critical depending on the slope of the
crossover’s target response. Fourth-order filters
require less extension to achieve a flat on- and
off-axis response than do [irstovder filters.

The directivity problem may be solved by com-
bining drivers having directivity and low frequen-
cy extensions which comptement cach other. A
12 woofer is a poor chaoice for a two-way system
if your dome tweeter can't be crossed below
2kHz The 127 driver’s directivity will cause a
huge hole in the off-axis response. Using the
same 127 woofer with a 67 mid-hass, 3" mid-
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dome, and a 0.75” tweeter would work. Ten-inch
woofer two-ways are usually marginal, even
though they have been quite successful commer-
cially. Ten-inch woofers combined with 4”
micranges and 17 tweeters do work well, crossed
at 750Hz-1kHz and 4-5kHz. Having §.5-2
octaves of extension can be achieved with three-
or fowr-way designs if components and crossover
frequencies are appropriate.

With twoaway designs, however, avoiding cross-
ing drivers in a changing frequency range is gen-

erally iinpossible, either due to directivity or to
low-pass rollotf. Given the high frequency rolloff
and directivity of the drivers typically used in two-
way speakers (4”7 to 8" woofers, and 0.5”-1.5"
tweeters), iLis urnealistic to expect driver respons-
es which will extend 1.5-2 octaves above or below
a crossover frequency of 2 or 3kHz. If the
crossover operates in a range wbere the driver
response is changing significantly both on- and
offaxis, you will have no alternative but to resort
10 either trial and error, or use crossover compult-
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el optitnization tools to solve the design prablem,

For example, if a high-pass filter is being made
for a tweeter at 2kHz, where the response is start-
ing to roll off around 1.2kHz, the wvansfer fune
tion of the filter network must be designed to
combine with the transfer function of the driver
to achieve the target vesponse. The trick is that a
flat response can always be accomplished in a
variety of ways. Every network problem has mul-
tiple solutions, some of which will be acceptable
and some not. Using computer optimizer soft-

ware, you'll find iCs possible to program a sec-
ond-order filter topology using a simple C/R
(capacitance/ resistance) conjugate filter, and
optimize the values for a second-, third-, or
fourth-order response, all with the same topolo-
gy. Obviously, you need not use the same order
topotogy as the target slope of the response. In
fact, this is almost never the case when dealing
with twoavay loudspeakers, Optimizers also open
the door 10 experimenting with non-standard
tepelogies, such as using firstorder low-pass fil-
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ters in conjunction with parallel-connected
L/C/R wap filters placed an octave above the
crossover {requency.

When the driver’s transfer function is part of
the equation, you can develop crossovers which
appear o be asymmetrical. Two-way systems are
often designed with a first-order lowpass, and a
third-order high-pass. In this case the firstorder
low-pass combines with the second-order woofer
response to create a third-order acoustic
response, while the tweeter may be crossed over
high enough 1o require a third-order topology o
create a third-order response.

C. The rcsponse problems caused by driver
horizontal offset (item 3) are usually something
less than ideal that you either specifically correct
or minimize by using higher order filters. One
useful trick which will help you discover whether
your final network design has been adjusted
appropriately, and the high- and low-pass sections
are properly in phase: merely reverse the high-
pass section’s polarity and measure the response
again. If the network is correctly designed, that
i3, if the response is reasonably flat, and the dri-
ver phase and roll-off magnitudes appropriately
adjusted, you will see a symmelrical null at the
crossover frequency. Sometimes even though you
have adjusted filter values to achieve an apparent-
ly flat response, the network may stitl be improp-
erly designed. 1f so you may hear evidence of

erratic polar behavior and a poor image.

In addition to the criteria of load, directivity,
and driver alignment, other considerations are
also determinative in deciding which crossover
frequencies will give you optimum performance.
Keeping networks out of certain frequency ranges
seemns o contribute to successful designs, While
there are exceptions to every rule, three-way
crossovers seem ¢ work best with the low- to mid-
crosspoint at 200-350Hz, and the mid- to high-
crosspoint at 2-2.5kHz. In other words, avoid net-
works operating in the requency range between
350Hz-1.5kHz. Low-frequency drivers (15°~10")
tend o cause the male voice t sound wo full if
allowed to play above the 200-350Hz range
{dependent on slope, of course), and it 15 difficult
1o find cone or dome type tweeters which will
operate with low enough distertion below 2kHz.

7.44 CROSSOVER APPLICATION
EXAMPLES.

You may better understand the “rules” discussed
in Section. 7.43 through grapbic examples. What
follows are computersimulated examples of each
type ol design dilemma encountered in a two-
way loudspeaker project employing a fourth-
oueler Linkwitz-Riley crossover:

The Iow-pass filter
The woofer is a SEAS P17RC/P 6" whose imped-
ance I measured using the Audio Precision’s
System 1 and the voliage divider method.
Response measurements, for simplicity made at
IM ou-axis, were done with the DRA MLSSA,
ACQO Pacific’'s 7012 mike, and the collected data
exported into LEAP 4.0. My targel response is a
fourth-order topology with the standard L-R cal-
culated values. I did so to show the effects of
using a classic filter shape without an impedance-
correcting conjugate network. The result is
depicted in Figrre 7.84. While the overall slope
from 3-6kHz doesn’L look bad, some serious
interaction is obviously causing the 4dB peak at
the rolloff point.

The next logical step is to add a conjugate fil-
ter, a simple series C/R (capacitance/resistance)
circuit in parallel with the driver. The effect is
shown in Fig. 7.85. While this is certainly an
improvement, the rolleff rate is about
27dB/octave between 3kHz and 6kHz. Since our
targel is supposed Lo be 24dB/octave, evidently
the combination ol the driver’s natural rolloff
added to the network’s produces something high-
er than the fourth-order respanse we need.

Since the fourth-order topology seems to atten-
vate oo much, we will oy a lower order filter.
Figure 7.86 shows the response of a calculated
second-order LR [ilter with the driver, but with-
out innpedance compensation. This does not
come as close as the original fourth-order
response, but if we apply impedance EQ), as
shown in Fig. 7.87, the response becomes the
best o date.

So far, all we needed was a little intuition, and
a minimun) amount of adjusting, to get fairly




close to the target response. Figure 7.88 shows
the same network after being optimijzed by the
computer, which is an even closer fit.

Our exercise ignores the effects of “para-
sitic” resistance in our series inductors. If we
wish to explore the consequences of inductor
DC resistance (DCR), another example will
help us see the effects more easily. Figure 7.89
shows the same driver with a fourth-order L-R
network and impedance EQ at 1kHz The two
inductors measure 2.4inH and 1.2mH, respec-
tively. If these inductors were air-core types,
wound with 18-gauge wire, their DCRs would
be 1Q and 0.7Q, for a totat series DCR of
1.7Q. The top curve shows the response with-
out the effects of inductor parasitic resistance,
while the lower one includes it. The series
inductors’ attenuation is greater at lower fre-
quencies, and diminishes as we approach the
crossover frequency, where its effect is
swamped by filter action. The other consider-
ation, of course, is the effect of series resis-
tance on driver Q.

The high-pass filter
Our driver is a Peerless 105DT fabric dorne tweet-
er. I chose it because it has a normal resonance
and does not erploy Ferrofluid {a special viscous
fluid which transfers heat from the voice coil to
the magnet). I did the measurements using the
same equiprnertt and methods detailed above. My
target response is a fourth-order L-R high-pass
crossover at 3kHz. Figure 7.90 shows the unfil-
tered driver response overlaid by the arget.

The first step is to wy a fourth-order topology
with standard L-R calculated values. Again this
shows us how the classic filter shape looks with-
out any resonance trap conjugate network. The
result is depicted in Fg 7.9/ The driver’s reso-
nance is causing the response glitch at about
IkHz Note also that a peak has resulted in the
8-15kHz region caused by the circuit’s interac-
tion with the tweeter voice coil.

If we add a series LCR resonance trap tuned
for 1kHz resonance to the same filter network,
Fig. 7.92 makes it evident the 1-2kHz anomaly
has disappeared, but the 8-15kHz peak is still
with us.

The cure is adding a simple CR impedance-
correcting network whose effect is clear in Fig.
7.93. In this case, leveling out the reactive rise of
the tweeter was enough to get rid of the 8-15kHz
peak problem. Now the response really doesn't
Jook that bad. Figure 7.94, however, shows how
helpful computer optimization can be on the
same circuit, bringing it a bit closer to the target.

High-pass/Low-pass Summation
Figure 7.95 shows the optimized responses of the
lwo drivers. This illustrates a typical L-R
crossover setup, with the response of both dri-
vers 6dB down at the crossover frequency of
3kHz. The summation of these two driver
responscs is given in fig 7.96. As expected, the
summation achieves a fairly flat response. 1f we
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evaluate this network by reversing the phase of
one of the drivers, resulis are evident in f3g 7.97.
The out-ofphase null is closely cetered on the
3kHz crossaver frequency and reasonably sy
melrical.

Unfortunately, our example until now has
assurned the two drivers were mounted on the
same radiatng plane, and were physically stag-
gered for alignment by time. [f we mount the ¢lri-
vers one above the other on a single flat baffle as
are 99% of all drivers, we will get a delay of about
115us, corresponding to 1.56” distance between
the woofer and the tweeter radiating planes. 1f we
take this into account in the summation, the effect
is shown in fig. 7.98. We now have a substantial
dip in the response at the crossover frequency.

Since the dip is faitly deep and not far fromn
the 3kHz crosspoin, reversing the relative phase
of the drivers might possibly return the response
to a reasonable shape. fMgure 7.99 shows this
would indeed be the elfect, and the response is
again acceptably flat.

Another way to realign the phase is to alter
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FIGURE 7.106:
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either the low-pass or the high-pass filter shape to
restore the response to a satisfactory level. The
LEAT optimizer was used to accomplish this. [n
this instance, I Jeft the high-pass filter values as
they were, and allowed the low-pass values o
change. The altered low-pass response is shown
along with the previous high-pass response in Fig.
7.100. The summation of the new optimized
response is given in Fig. 7.101. Reversing the
phase, to check the network aligmnent, is shown
in fig. 7.102. Although the shape is not as flat as
the original with the drivers tiine adjusted, it
does show a fairly symimetrical null at the 3kHz
crossover frequency.

Which one sounds best? The answer is entirely
up to the listener. It is always possible that one
combination may sound better with certain pro-
gram material with a spectral bias based on
recording technigues and microphene choice.
But, this variation is the essence of the art forn.

7.45 MAKING RESPONSE MEASUREMENTS
FOR CROSSOVER DESIGN.

The techniques for making frequency response

measurements are discussed in detail in Chapter

8. However, whatever the nieasurement domain,

other criteria will also be helpful.

Tradlitionally, design work data is taken at the
standard distance of one meter, on-axis, to the lis-
tening position. The height can be considered to
be about 38" above the floor, and the design axis
as the midpoint between the high-pass and low-
pass drivers (between the mid and tweeter in a
three-way design). However, others! have sug-
gested taking measurements between 2-3 meters
from the enclosure, which is neaver the average
listener-tospeaker setup in most listening rootns.
This alternative requires a move anechoic-like
environment if the experimentey is 10 get reflec-
tion-{ree signals down to a usable frequency.
However, such a location is reasonably useful.

Good power response is also important. Flat
on-axis response and flat power response are the
comnmon characteristics in speakers consistently
Jjudged to be high quality in surveys conducted by
Floyd Toole at Canada’s National Research
Council.? If a designer chooses a crossover point
in a range where the driver’s frequency response
is changing raptdly offaxis, the off-axis response
will have large response anomalies. Large varia-
tions in the off-axis response degrade the power
response the listener perceives. Reflected and
reverberant responses will be significantly differ-

ent from the on-axis response, and generally
devalue the overall subjective quality.

Poor off-axis response may be avoided in a
crossover stopband by using one of two tech-
niques. First, avoid locating a drives’s crossover in
a region of changing off-axis response. The
designer can’t always avoid this, especially in two-
way designs. The other technique is to design the
network off-axis, and accept whatever conse-
quences devefop on-axis as a result. If most listen-
ers will be hearing the speaker off-axis, which is
frequently the case, say, with Nearfield or Studio
Monitors, designing at 15-30° from the horizon-
tal 0° axis can result in a better overall design.

7.50 DRIVER LOAD COMPENSATING
CIRCUITRY.

Although you may use trial and error or comput-
er optitnization to design a crossover which com-
pensates for the typical loads presented by a dri-
ver, a load-leveling conjugate filter is also a practi-
cal solution. Even if you are using computer opti-
mization, conjugate load filters are still added in
many commercial designs. The two troublesome
impedance anonalies are the driver resonance
peak and the reactive rise due to voice coil induc-
tance?!* (Fig. 7.103). Resonance peaks can be
corrected using series LCR filters, described in
Section 7.31. These can be designed for any dri-
ver: woofer, idrange, or tweeter. But if you are
trapping low-frequency resonances you will need
some large capacitors and inductors. We often
see such LCR resonance filters in the 80-10011z
region of the crossaver for the satellites of three-
piece systems.

If you need compensating circuitry for a voice
coil’s inductive nature, use a simple CR filter, as
described in Section 7.52. These are normally
applied to low-pass woofer and midrange filters,
but are also used with tweeters to provide flat
amplifier toads out to 100kHz, and to alter the
high-frequency response of the tweeter a bit.

7.51 SERIES NOTCH FILTERS.

The primary function of the circuit illustrated in
Fig. 7.104 1s to damp and eliminate the effects of
driver resonance on crossover networks. If the dii-
ver has been treated with Ferrofluid, however, the
resonance has already heen mechanically damped
and wili probably not benefit from the application
of this circuit. Assuming, however, the driver has
an undamped resonance peak, and the peak is
located less than two octaves from a high-pass
crosspoint, this circuit will greatty improve driver
performance. It is particularly useful on tweeter
domes, udrange domes, and cone type midrange
drivers whose enclosure resonance is above
200Hz. It 1s possible to use the device on reso-
nances in the lower octaves, but it usuaily calls for
some extremely large value inductors.

Design Fonnulas

c=-1392

REQes fs




Iz 1592(QesRE)
fs

RC=RE+M

s

Impedance magnitude:

1592 2
Z= R62+[62832JI—' = J
Phase Angle:
1
628320 -——
8o = Tan ™! 6.2832C
Re

Note: R_ should be calculated to include the
roeasured resistances of L, or alternatively, you can
wind L from small gauge wire so that the DCR
equals R

A shorieut method, which does not require dei-

ver () parameters, is given by:

= 03003
f
= .022252
réc

R, =approx. rated impedance of driver.

Check the circuits described above by running
an impedance curve of the driver and circuit con-
bination. If the [lattened impedance is not quite
level, try increasing Rc in increments of 0.562 until
you achieve a satisfactory impedance.

7.52 IMPEDANCE EQUALIZATION.

All voice coil type drivers exhibit a rising imped-
ance caused by the voice coil inductive reactance.
In order for midrange and woofer low-pass
crossover circuits to operate properly, you can
equalize this rising impedance by using the CR cir-
cuit shown in Fig. 7.105. You can also use this cir-
cuit for tweeter demes, not w [acilitate network
operation, burt to help eliminate harshness and to
assure the accurate application of L-type shelving
networks.

Design Formulas
Le
RZ

L = dviver voice coil inductance in henries.

=

R =

C

125 x Ry

The values of Rc and C are only approximate. You
should adjust themn experimentally for a [tat mea-
sured impedance curve.

7.60 DRIVER ATTENUATION CIRCUITS.
Midrange and tweeter drivers are typically more

efficient and play louder in their bandwidth than
most woofers. In order to achieve a uniform over-
all frequency response from a given loudspeaker,
you must adjust the different mid and high-fre-
quency driver output levels to match the nominal
woofer SPL. There are several ways the resistance
can be inserted into a filter circuit o accomplish
this task, each one having a different effect upon
the overall frequency response, the impedance of
the circuit/driver combination, and the transfer
function of the circuit. There are four basic
methodotogies to consider: a series resistance
placed on the “amplifier side” of the circuit (near
the circuit input prior o any positive to ground
elements); a series resistance placed on the “driver
side” of the circuit (between the driver and the
positive to ground circuit elements); a combina-
tion of equal amp side and driver side resistance
{as well as unequal resistances); and last, a bal-
anced impedance L-pad type attenuation circuit
(Fig. 7.108). Figures 7.107-7.114 illustrate these
four methods of driver altenuation for typical
tweeter high-pass [ilters (a third-order topogra-
ply) and midrange bandpass circuits.

How these different approaches at levet attenua-
tion affect the overall functioning of a driver actu-
ally varies from driver to driver, as each wansduc-
er has a morte or less individual reactive nature.
However, this brief tutorial will give you an idea of

8uF Ra 20uF
0.20 mH
e
8uf 20uF Rd
0.20 mH
B
8uF Ra 200F  Rd
0.20 mH
iE
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FIGURE 7.107: Tweeter
high-pass topography
with “amp side” resis-
live attenuation,

FIGURE 7.108: Tweeler
high-pass lopography
with “driver side"
resislive attenuation.

FIGURE 7.108; Tweeter
high-pass lopography
with "amp/driver side"
resistive allenuation.
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FIGURE 7.110: Tweeler
high-pass topography
with L-pad resislive
allenuation.

FIGURE 7.111: Midrange
bandpass topography
with "amp side” resis-

tive altenuation.

FIGURE 7.112: Midrange
bandpass topography
wilh “driver side" resis-
live attenuation.

FIGURE 7.113: Midrange
bandpass topography
with “amp/driver side”

resislive attenualion.

FIGURE 7.114: Midrange
bandpass topography
with L-pad resislive
altenvalion.
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how to apply these different methods and how
each type tends to interact with the transclucer.

Amplifier side attenuation:

1) Tweeter high-pass circuits—Figure 7.115 shows
the SPL changes for an amp side resistor from
1-6Q. Figwres 7.116 and 7.117 give the accompany-
ing changes in impedance and transfer function,
respectively, This method sesuits in a fairly shallow
and damped transfer function, the damping
increasing togically as the resistor value mcreases.
Attenuation is fairly even across the bandwidth,
but somewhat frequency dependent as is seen in
Ig 7.118 where the attenuated response (with 6Q
in series} was offser to the same leve! as the unat-
tenuated respense. Overall, this method is the cne
I employ abmost universally in designs [ do for
manufacturers in my consulting business. It pro-
vides a well-damped filter function and has only
moderate frequency dependent changes in the
response. Using a filter aptimizer, such as the one
in the LinearX Leap software, it is a simple matter
of [ing the value of the attenuation resistor and
letting the optimizer vary the other circuit ele-
ments © achieve a target response.

2) Midrange bandpass circuits—Bandpass cit-
cuits are much more difficult to deal with because
of the proximity of two independent filters to each
other, the prablem worsening the closer the high-
pass and low-pass frequencies are. Figure 7.119
gives the SPL changes for an amp side resistor
fromn 1-6€, with the impedance shown in Fig.
7.120 and the accompanying transfer functions in
Fig. 7.121. Like the tweeter circuit with this type of
attenuation, the filter function is well damped, but
also has even more frequency dependent SPL
changes. Figure 7.122 depicts the unattenuated
responsc with the 6 atlenuated response offset
for comparison. The result is a sort of shelving of
the high-pass response with an increase in the low-
pass roll-off frequency. This is more severe than
with a simple tweeter high-pass {ilter, and it means
that the entire bandpass has to be re-optimized to
achieve a flat target response. This is a very time
consunting and tedious procedure for cutand-uy
designing, but relatively quick and painless using a
circuit optimizer.

Driver side attenuation:
1) Tweeter high-pass circuits—With the resistor on
the other side of the ground leg inductor, the
behavier of the cireuit is entively different. Figure
7.123 shows the result of this type of vesistor place-
ment fromn 1-6Q, with the impedance and transter
function cousequences illustrated in figs. 7.124
and 725, IU's obvious [rom Fig. 7.123 that the
attenuation is very [requency dependent with
resistances over 20Q. In a two-wooler two-way
speaker where the tweeter requires only a dI3 or so
o match the wooler leves, this could work out,
but it is also apparent that the circuil impedance
cleclining at the tilter resonance and in the case ol
the 6€2 example, results in an impedance mini-
mum of 2.5Q, which is really too tow. As the
impedance drops aL this frequency, the transfer




function becomes progressively less damped, the re-optimize both high- and low-pass filters. CROSSOVERS:
opposite of amplifier side attenuation. Figure PASSIVE AND
7.126 depicts the unattenuated response with the Combination equal amp side and driver ACTIVE
level of the 60 example offset to the same level,  side attenuation:
making the nature of the frequency dependent 1) Tweeter high-pass circuits—Placing equal
changes obvious. You really need to watch both  amounts of resistance is just to give you an idea
the inpedance and transfer function closely when  ahout this approach. In practice, this technique
using this method. can be appled when low-impedance problems
2) Midrange bandpass circuits—Response occur in a circuit to try to bring up too low mini-
changes for driver side resistance applied to band-  mum impedance. For this particular cxample, it's
pass filters, shown in Fig. 7.]27, n a manner simi-+— not a problem, but it does illustrate the method.
lar to the tweeter high-pass with shelving of the  Figwe 7. 131 illustrates the SPL changes for equal
response above the high-pass corner [requency, resistances on both sidles of the circuit from 1-6€.
but with the additional low-pass [ilter the rvesultis  It’s fairly similar to the amp side SPL changes
a “sag” in the midband that gets worse as the resis-  shown in Fig. 7115, with sinilarities also in the
tance increases. The impedance and wransfer func- impedance and transfer function changes (Figs.
tion changes are also similar (Figs. 7./28 and 7132 and 7.173) without the negative effects of
7.129) with the impedance getting very low (at  driver side attenuation. Figure 7.134 comnpares the
least for this driver which happens 1o be a set of  unattenuated response with the offset equal 6Q
Bravox 3.5” woolers) at the high-pass crossover  amp/driver side vesistance, again showing a fre-
frequency and the [ilier knee getting progressively — quency dependent nature that can probably be

sharper. Figure 7.130 compares the unauenuated  optimized for a more flat response as long as it FIGURE 7.115: SPL for

driver response with the 6 example offset to the  doesn't raise the Q of the circuit wo inuch {tests high-pass with “amp
same SPL, again showing the large sag in the have shown that ringing associated with high-Q) side” altenualion
response that would require at least an attempt to ~ circuits is somewhal audible®). (solid = no attenua-
tion; dot = 1Q; dash =
FIGURE 7,115 FIGURE 7.118 202 dash/dot = 4¢);
gudP [” Graph 3 3 Acoustte On ils Rotpowse: Srl, Phase | short dash = 6Q).
. . LI A~
,BL ! _:_.||.. T == . AT ‘,:l\_’,/..xwl\;‘ | 1B FIGURE 7.116;
R IE . s [T Impedance for high-
ST F T T T e pass with “amp side”

atlenuation (solid =
no attenualion; dol =
18); dash = 2Q;
dash/dot = 4Q2: shont
dash = 6Q).

FIGURE 7.117; Transfer
function for high-pass
wilh “amp side” atten-
uation (solid = no
allenuation; dot = 14);
dash = 20); dash/dot
=4Q; short dash =
60)).
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FIGURE 7.118:
Comparison of no
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FIGURE 7.121:
Transfer function
for bandpass with
“amp side” attenua-
tion {solid = no
attenuation; dot =
1Q; dash = 2Q;
dash/dol = 4Q;
short dash = 602).

FIGURE 7.122:
Comparison ol no
attenuation and 602
attenuation (offset)
in Fig. 7.119 (solid
=no atlenuation;
short dash = 642).

FIGURE 7.123: SPL
for high-pass with
“driver side”
attenuation {solid =
no attenuation; dot
= 1Q; dash = 2Q;
dash/dot = 4Q;
short dash =6¢).

FIGURE 7.124:
Impedance for high-
pass with "driver
side” atlenualion
(solid = no attenua-
tion; dot = 1Q2; dash
= 2(2; dash/dot =
40); short dash =
602).

2) Midrange bandpass circuits—The SPL
changes caused by the use of amp/driver side
resistance show similarities to both amp and dri-
ver side single resistance SPL (Fig. 7.135). The
midband sag is less severe, and the shelving on the
high-pass side of the circuit is more severe, The
impedance and wansfer function changes shown
in Fgs. 7.136 and 7.137 are also similar to both
types, with maybe more in common with the amp
side resistance method. Fgure 7. 138 compares the
unattenuated response with the dual 6 response
being offset. Again, this technique can be used to
balance minimum impedance and adjust transfer
function damping, as well as SPL manipulation,
however, all of these methods generally require
overall circuit re-optimnization to compensate for
the frequency dependent effects of the attenua-
tion circuits.

Combination unequal amp/driver side
attenuation:

1} Tweeter high-pass circuits—This comparison
is cifferent in that it affects the effects of a total

6 on the circuit, but placed in different places,
The comparison is of the unattenuated high-pass,
642 placed on the amp side of the circuit, unequal
resistance of 262 on the amp side and 4Q on the
driver side, the reverse of this, 4Q on the amp
side and 2Q on the driver side, and for compara.
tive purposes, equal 3€2 on both amp/driver sides
of the cirawit. Figure 7.139 gives the comparison
of all four civcuits, with the impedance and trans.
fer functions shown in Figs. 7.140 and 7.141. It
obvious that these techniques could be used as a
tool in contouring a response shape, along with
adjusting filter values. This in combination with
re-optimizing the tweeter civcuit gives you some
idea of the tools available for response shaping
and at the same time manipulating both the
impedance and transfer functions. All three are
important in netwerk design. Figure 7.142 com.
pares all four attenuation examples offset to the
unattenuated response. Again, the amp side
alone technique yields the shallowest damped
wansfer function and is almost always my choice
in design unless I need to compensate for an
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impedance anomaly of some sort.

2) Midrange bandpass circuits—The effect on
this type of circuit is perhaps similar to the tweeter
high-pass. However, with a bandpass filter with
unequal both side attenuation (Fig. 7.143), it is
possible to manipulate the knee at both high-pass
and tow-pass sections, with the consequential
impedance and transfer function changes depict-
ed in Figs. 7.144 and 7. 145. However, all the atten-
uation methods result in some sort of shelving or
sag in the midband (Fig. 7.146) accompanied by
an increase in the low-pass output and would
require re-optimization no matter which method
was employed.

L-Pad attenuation:

1) Tweeter high-pass circuits—L-pads are insert-
ed as the last element in the circuit prior to the
driver. The concept is to provide a constant load
for the network while at the same time attenuating
the response of the device, which means that an L-
pad maintains a constant impedance for the filter
circuit, unlike series type resistance methods.

Figure 7.147 illustrates different levels of attenua-
tion using an L resistance circuit. The response
shows none of the frequency dependent behavier
assoclated with the series resistance circuits, which
is the primary benefit for this type of circuit. The
impedance is maintained at a constant value, as
shown in Fig. 7. 148, for different levels of attenua-
tion. Likewise, the shape of the transfer function
(Fig. 7.149) stays constant, although not as well
damped as the amp side series resistor method.
Figure. 7.150 compares the unattenuated response
to the -12dB curve offset to the same level. As can
be seen, no frequency dependent shift occurs with
an L-pad.

2) Midrange bandpass circuits—L-pads aren’t as
benign on bandpass filters and do exhibit some
frequency dependent anomalies. Figure 7.151
shows the changes in response with changing lev-
els of attenuation, with an obvious decrease in
midband output. Impedance and transfer func-
tions (Figs. 7.152 and 7. 153) also show changes as
attenuation increases. Figure 7.154 compares the
-12dB (5/2Q) example offset to the unattenuated
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CROSSOVERS:
PASSIVE AND
ACTIVE

FIGURE 7.127: SPL for
bandpass with “driver
side” attenuation
(solid = no attenua-
lion; dot = 1); dash =
20 dash/dot =

short dash = 6Q).

FIGURE 7.128:
Impedance for band-
pass with “driver
side” aflenuation
(solid = no attenua-
lion; dot = 1€2; dash =
20); dash/dot =

short dash =60Q).

FIGURE 7.129; Transfer
function for bandpass
with “driver side”
attenuation (solid =
ne atlenuation; dot =
1(}; dash = 20;
dash/dot = 40, short
dash = 60).

FIGURE 7.130:
Comparison of no
attenuation and 60
altenuation (offset) in
Fig. 7.127 (solid=no
attenuation; short
dash = 6Q).

FIGURE 7.131: SPL for
high-pass with equal
“amp/driver side”
altenuation {solid =
no attenuation; dot =
110,

dash = 2/20;
dash/dot = 4/4Q2;
short dash = 6/6(}).

FIGURE 7.132:
Impedance for high-
pass with equal
“amp/

driver side” attenua-
tion (solid = no atten-
uation; dot = 1/10);
dash = 2/20);
dash/dot = 4/4Q;
short dash = 6/6(2).

179




LOUDSPEAKER
DESIGN
COOKBOOK

FIGURE 7.133: Transfer
function for high-pass
with equal “amp/dri-
ver side" attenuation
(solid = no allenua-
tion; dot

=110; dash = 2720,
dash/dot = 4/4Q2;
short dash = §/6Q)}.

FIGURE 7.134:
Comparison of no
altenuation and dual
64 attenuation (off-
set) in Fig. 7.131
{solid = no allenua-
tion; short dash =
8/60).

FIGURE 7.135: SPL for
bandpass wilh equal
“amp/driver side”
attenuation (solid =
no altenuation; dol =
1/10); dash = 2/2Q;
dash/dot = 4/4;
short dash = 6/802).

FIGURE 7.136:
Impedance for band-
pass wilh equal
“amp/

driver side” altenua-
tion {solid = no atten-
uation; dot = 1/1€Y;
dash = 2/2Q);
dash/dot = 4/4Q;
short dash = 6/612).

FIGURE 7.137: Transfer
function for bandpass
with equal “amp/dri-
ver side” allenuation
(solid = no attenua-
lion; dot

= 1/1Q); dash = 2/20;
dash/dot = 4/4Q;
short dash= 6/60Q).

FIGURE 7.138:
Comparison of no
attenualion and dual
6Q altenuation {off-
set) in Fig. 7.135
(selid = no allenua-
tion; short dash =
6/802).
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response, showing the response variations. As with
all the attenuation methods applied to bandpass
circuits, the high-pass/bandpass filters need to be
re-optimized.

7.65 DESIGNING L-PADS.
You must obtain or calculate the following data:

1. the rated sensitivity in dB of each driver
(Dy)*

2. total insertion losses in dB, equal to (amplifi-
er source resistance) + (total inductor resistances),

D15=D5+BG"R1

With this information, the sensitivity differ-
ences between the woofer and the midrange and
tweeter drivers are readily apparent.

Now that you know the amount of attenuation
you need, you can use two types of attenuation cir-
cuits: either a simple series resistor, or an L attenu.
ation network like the one illustrated in Fig. 7.106.
A series resistance is adequate so long as you refig-

where: ure the crossover components to account for the
increase in totat driver impedance. This, however,
R, = 20log, w increases inductor sizes and creates additional
R, = total mseruonh&ss in dB insertion loss. An L-ype attenuation circuit will
Rm = cffective driver impedance inclusive provide attenuation while maintaining minimuin
of all load comnpensating circuitry driver impedance, as long as you use proper load
R. =  amp source resistance (refer to circvits to adjust the driver impedance to a con-
Chapter 8) stant level >
Ry = measured inductor series resistance Design Formulas
3. bandpass glain, if aplplli(l:able, in dB (B,). (4/ 20)
Then total driver sensitivity (D, ) equals: g, =20 xXZ
' 25 T4/20)
-1 0(
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-1
Rj=Z- _1_+_{
Ry Z

total driver impedance.
amount of required attenuation in
B (negative decibels, ¢.g., -3dB).

*Note: manufacturers’ driver sensitivity ratings
are 1W,/1lm broadband measurements, and
because of response anomalies (such as the rising
response near rolloff typical of most two-layer
voice coil woofers), cim give a distorted picture of
sensitivity. A more accurate and relevant method
is to ascertain sensitivity from the appropriate por-
tion of the driver bandwidth using a 1W/1m fie-
quency Tesponse curve.

7.70 RESPONSE SHAPING CIRCUITRY.

Two circuits are useful for modifying driver
response in addition to standard networks and
load-leveling filters. Both circuis, the contour net-
work and the parallel wap filter, generally require
trial and error for proper execution, but the fol-

lowing information will help you find usable start-
ing values.

(1}. Contour Networks. Figure 7.155 illustrates
the two simple RC and RL circuits you can use to
modify vising frequency response tendencies in
situations where a) the response is rising with
increasing frequency, and b) the response is rising
with decreasing frequency (Fig. 7. 156).

Design Sequence

(1). Find the component value at the frequency
where the attenuation should be minimum (the
point at which the risc in response begins). The
reactance of the compeonent (L. or C) should be

45916
f

L=

1€2 at this point, where:
A)For L

= inductance in henries
f = frequency of minimum
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FIGURE 7.139: SPL for
high-pass with
unequal “amp/driver
side” attenuation
{soli¢ = no altenua-
lion; dot = 2/402;
dash = 4/2Q;
dash/dol = 3/3C;
short dash = 6Q).

FIGURE 7.140:
Impedance for high-
pass with unequal
“amp/driver side"
allenuation (solid =
no atlenualion; dot

= 2/4Q); dash = 4/2Q;
dash/dot = 3/34);
shont dash = 8Q).

FIGURE 7.141;
Transfer function for
high-pass with
unequal “amp/driver
side” attenuation
{solid = no altenua-
tion; dot

= 2/4Q); dash = 4/2();
dash/dot = 3/3Q;
shorl dash = Q).

FIGURE 7.142;
Comparison of no
allenuation and all
four unequal attenva-
tion examples (offsel)
in Fig. 7.140 (solid =
no attenualion; dot =
2/4Q); dash = 4/20;
dash/dot = 3/30;
short dash = 60).

FIGURE 7.143: SPL for
bandpass with
unequal "amp/driver
side” allenuation
{solid = no attenua-
lion; dot = 2/4Q3;
dash

= 4/2Q); dash/dot =
3/302; shorl dash =
8Q).

FIGURE 7.144:
Impedance for band-
pass with unequal
“amp/driver side"
atlenuation (solid =
no attenuation; dot
= 2/4€%; dash = 4/2(;
dash/dot = 3/3Q;
short dash = 6Q).

181




LOUDSPEAKER
DESIGN
COOKBOOK

FIGURE 7.145: Transfer
function for bandpass
with unequal
“amp/driver side”
attenuation (solid =
no atlenuation; dot =
2/4$y; dash = 4/2Q;
dash/dot = 3/3;
short dash = 6Q).

FIGURE 7,146:
Comparison of no
atlenuation ang dual
602 attenuation (off-
set) in Fig. 7.143
{solid = no atlenua-
tion; dol = 2/4G; dash
= 4/203; dash/dot =
3/30%2; short dash =
60)).

FIGURE 7.147: SPL for
high-pass with *L-
pad” atlenualion
{solid = no atlenua-
tion; dot = 18/100P
ohms; dash = 25/20P
ohms; dash/dol =
48/4P ohms; short
dash = 55/2P ohms).

FIGURE 7.148:
Impedance for high-
pass with “L-pad”
altenuation {solid =
no attenuation; dot =
15/100P ohms; dash
=25/20P ohms;
dash/dot = 45/4P
ohms; short dash =
58/2P ohms).

FIGURE 7,149: Transfer
function for high-pass
with "L-pad” atten-
uation (solid = no
atlenuation; dot =
1S/100P ohms; dash
=25/

20P ohms; dash/dot =
4S/4P ohms; short
dash = 5S8/2P ohms}.

FIGURE 7.150:
Comparison ol no
attenuation and
-12dB L-pad attenu-
alion (oflset) in Fig.
7.147 (solid = no
allenuation; shorl
dash = 55/2P ohms}).
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reactance B 15916
(B) For C / R,
C= capacitance in farads
f= frequency of minimum

reactance.

(2). R is selected so the combined impedance of
the total circuit equals the amount of maximum-
needed attenuation (or average if the rise is not
well<lefined), where:

7= RX

(R2+X2J]/2

A= attenuation in dB

= total driver impedance,
including load circuits.

An example 15 using circuit A for a rising
response problem, beginning about 250Hz and
rising to 10dB at 5kHz.

15916
T 250

=.6mH

0.63mH has a reactance of 200 at bkHz. Table 7.7

gives values of attenuation for different R values.

Z= total circuit impedance
= component reactance at
frequency of maximum
attenuation (see Section 7.20
for reactance forinulas).

It is difficult to establish hard and fast rules for
these types of filters, so again, trial and error play
an important part. It is important to remember 1o
include the contour network with the driver and
load compensating circuitry when you measure

the impedance for calculating the crossover net

{3). The amount of attenuation in decibels is  work.
cn.
th +Z

Ar=20logip Kd

(2). Parallel Notch Circuits. You can remove
broad peaks by using the circuit in Fg. 7.157. The

frequency response plot shows a typical situation

FIGURE 7 145

FIGURE 7.148
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for this type of filter:
Design Sequence
Find f, the midpoint frequency of the peak, and its

magnitude in dB. Also locate the -3dB frequencies
f and f,, then:

= 03003 in farads

L= '02552 in hemfes
Jec

Re__ 1
6.2832CB

B =-3dB bandwidth (f, - f,)

The impedance circuit is given by:

Z-— I S

Pt ¥
Lo+ - _-6.2832fC
22 \Gzaszpe 44|

1/2

Total attenuation in dB is given by:

Rq

The phase angle in degrees is given by:

I
.y {
Bo=Tan "R — ——6.2832fCJ
\6.2832f)

Unfortunately, the parallel notch [ilter is not as
easy to generate from design formulas as the

series notch filter. The DC resistance in the induc-
tor portion of the circuit at once turns the parallel
filter into a series-parallel filter. Also, the different
dissipation factors of various types of capacitors
will also affect final performance (Mylar and
polypropylene capacitors will yield different
results than electrolytic capacitors). Since this is
unavoidable, the best way to proceed is to start
with the calculated values, making certain to mini-
mize the inductor DCR, and then selectively
increase the value of R until the desived effect is
achieved (increasing the value of R will increase
the depth or Q) of the notch). The L/C ratio of
the above formulas creates a fairly narrow filter
shape (hi-Q) which should work for most “peak”
situations. If a wider filter shape is desired to
accommodate a peak which spans int excess of two
octaves, use smaller values of C and proportion-
ately larger values of L. As long as the product of
L x C 15 the same munber as that derived froin the
original formula, the circuit resonance will remain
the same. Conversely, if a inore narrow shape is
required, increase the value of C and decrease L.
David Weems™ article “Notch Filters,” SB 2/86,
does an excellent job of graphically depicting this
situation. The charts and tables should, however,
only be taken as a relative indicator, since the orig-
inal inductor DCR and capacitor dissipation fac-
lors are not stated.

7.80 CROSSOVER NETWORK INDUCTORS.

Two types of inductors are commonly used in
loudspeaker crossovers: air-core and metal-core.
Metal-core inductors, using transformer laminate
or the various types of ferrite, are normally
employed only where large values of inductance
are required with a low series resistance not
obrainable with air<ore type inductors. Because of

FIGURE 7.151

FIGURE 7.153

X

FIGURE 7.154
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FIGURE 7.151: SPL for
bandpass with “L-
pad” attenuation
(solid = no attenua-
lion; dot= 1S/100P
ohms; dash =
25/20P ohms;
dash/dol= 48/4P
ohms; short dash =
55/2P ohms).

FIGURE 7.152;
Impedance for
bandpass with “L-
pad” altenuation
{solid = no atlenua-
lion; dot = 1S/100P
ohms, dash =
25/20P ohms;
dash/dol = 45/4P
ohms; short dash =
53/2P ohms).

FIGURE 7.153:
Transler function for
bandpass with “L-
pad” altenuation
{solid = no altenua-
tion; dot = 18/100P
ohms; dash =
25/20P ohms;
dash/dot = 45/4P
ohms; short dash =
53/2P ohms).

FIGURE 7.154;
Comparison of no
allenuation and
-12dB L-pad attenu-
ation (offset) in Fig.
7.143 (solid = no
altenuation; short
dash = 55/2P
ohms).
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FIGURE 7.155: R, {2} and

R; (b} contour nelworks.
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the propensity of metalcored inductors to satu-
rate and cause distortion at higher operating lev-
els, they represent a compromise. Bi-amping with
subwoofer crossovers becomes an attractive alter-
native when faced with the occasional require-
ment of large inductance values. As will be
shown below, however, you may use large low
resistance air-cored inductors if a large physical
size can be tolerated.

If proper tools are available, such as a coil
winding machine {preferably motorized} and an
impedance bridge, aircore inductors are more or
less practical for speaker builders. Withow these
tools, you are prebably better off purchasing pre-
wound and measured inductors. Having manu-
facwred thousands of inductors, the thought of
handwinding is discouraging to me. But if you
have the patience, it is certainly possible without
a winding machine. The inductors, however, do
need to be measured (as all crossover compo-
nents should be, before assembly).

The design methodology described by
Thicle? establishes the physical size of the
inductor in relationship (o the reactive time con-
stant at the crossover frequency, rather than only
upon the inductance alone. The result is an
inductor often farger than what you normally see
in production loudspeakers, but an inductor that
bas its DCR optimized to cause as small a change
as possible in driver Q. A good rule of “thumb”
is to keep DCR and 1/10 of the voice coil DCR
(i.e., no more than 0.7Q inductor DCR for a
voice coil DCR of 7Q)¢7.

For ibe calculations below, the DCR of the
inductors ts usuably arbivarily set to 1,/20 of the
value of the criver load impedance (including
unpedance compensating circuitry) at the
crossover frequency. Thiele veasoned this is the

R
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L
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0
f 21
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B
C
4dB
248 \
0
f 2t
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allowable amount which will not adversely affect
the driver Q. For an 8Q driver this would be
about 0.4Q, for a 4Q driver this would be about
2€2, and so on,

Two inductor shapes are useful, depending on
the circumstances. Type A is normally good for
any application except small value higher fre-
quency crossover jnductors, where an extremely
small core is sometimes called for. Type B is pro-
portioned to 1nake usable core sizes for small
value inductors. Figure 7.158 illustrates the basic
configuration used to derive both wypes. For the
following:

the desired DCR of the inductor
core height in inches

wire diameter

mducrance in microhenries
(6.5mH = 6500uH})

N = number of trns required

r = core radius in inches

R =
H =
d =
L =

172
Hz( L ]
GI70R

i i/72
N =2.61(—‘J
H

_738A
JN

Use Table 7 2 to converl wire diameters into
wire gauges. Choose the wire gauge closest to the
calculated wire diameter, Incidentatly, if you have
never purchased copper wire for the purpose of
coil winding, you can buy bulk quanttics from
supply houses which sell electric motor winding
pavts.

When you round the value of r t¢ find a practi-
cal core size (r changed to 0.5” for a calculated r =
0.46"}, the value of the munber of required turns
will change. If you wish o round to a relatively
close next size, use the value of N as a target {ig-
ure. Wind the inductor, measure its value, and
adjust by adding or subtracting turns as needed.

In cases where large gauge wire is called for,
such as 12 or 10 gauge, you can wind the induc-
tor from multiple sialler gauges of wire. Tuble

¢




7.3 gives approximate equivalent wire gauges for
multiple windings of smaller gauge wire.

As an example, a 4mH inductor with a 0.4
DCR would have the following parameters:

H=13%"

r=133"

N =216 turns

d =0.07663 or 12 ga., or 4 strands 18 ga.

Inductors should be mechanically bound with
nylon wire ties and stabilized by dipping them in
wire varnish (such as Glyptol).

In making physical placement decisions about
inductors on a crossover circuit board, place
them as far apart as possible and mount them at
90" angles to each other {see Fig. 7.159). If you
maintain at least 3” of separation and rightangle
mounting, you will avoid magnetic coug)ling
between different sections of the crossover.?

Since really large high or even medium (@ aiv
core inductors with acceptably low DCRs are not
always possible due w limitations of physical size,
cored inductors become mare desirable and real-
ly the only practical solution. While air core
inductors de nat saturate and have very Jow dis-
tortion, virtually all cored type inductors do satu-
rate and do produce higher levels of distortion
and are to some degree nonlinear with respect to
voltage inp11L27'29>30-31. However, there is consid-
erable variation among different types of cores.
Of the commonly available core types the follow-
ing is a relative ranking of their linearity, distor-
tion, and €

MPP toroids

Iren bobbin (many vartables in this group—
some are quite good, others not)

Laminate core

Ferrite core (shugs and bobbins)

Of this group MPP toroids are the most linear
with voltage changes, also the most costly and usu-
ally only available custemn made. Iron bobbins are
next in terms of linearity and distortion, but there
are a number of different compounds used for
core materials with substantially varied results.
High Q laminate core types are not the hest, but
overall these types work well and are widely used
in manulactured loudspeakers. Typical formats
used by manufacturers utilize tower ¢ coil formats
that have lengths that are scveral times greater
than the winding height in order to 1nake a coil
that lays low on a crassover circuit board. These
inductors can be greatly improved using optimal
Q coil windings (equal depth and winding heigbt)
and laminate bars that extend beyond the winding
at least the height of the core. I built this type of
laminate bar inductor into a SRA (Speaker
Research Associates) speaker I exhibited at CES in
1978. For this speaker, a three-way using a 10"
wocfer with a LO0Hz passive crossover that used
16gauge wire for the coil and transtormer “Is” for
the core. This crossover sounded extremely good,
and compared well with the same system bi-

TABLE 7.1

CROSSOVERS:

PASSIVE AND
CONTOUR EXAMPLE ACTIVE
RQ A
25 10.6dB
20 10.0dB
15 9.0dB
10 7.5d8
5 4.3dB
368/0CT SLOPE .
! t !
‘ 8
2 2
a a
3 3
< <
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FIGURE 7.156: Frequency response {a) rising with increasing Irequency and {b) rising with

decreasing frequency.
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FIGURE 7.157: Paralle! trap circuil.
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FIGURE 7.158: Air core inductor.

amped. [ have also observed the use of these for-
mat laninate core inductors (max (3 coil winding)
in manulacturer products, such as the PSB Mini
Stratus [ reviewed in 85 8/93. The last group, fer-
rite bobbins and shugs, generally have much higher
distortion and tenl (0 be less graceful when they
saturate. While [ wauld never suggest using them
to one of my manufaciuring customers in my con-
sulting business, they were for years a very popular
inductor and used in nurverous British loudspeak-
ers {Lhe Rogers LS35A used ferrite slug inductors).

7.85 CAPACITORS IN

CROSSOVER NETWORKS.
Cheice of capacitor type is usually determined by
consicleration of oss factor and costs. This gener-
ally means using plastic film capacitors (such as
Mylar and polypropylene) for values of 20Ul or
less in midrange and Lweeter sections, and non-
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LOUDSPEAKER polar efectrolytics in most other applications.
DESIGN This is not a hard-and-fast rule, as certain high-
COOKBOOK quality, nonpolar capacitors are quite adequate
for most applications. This does not atways apply,
however, since the majority of readily available
nonpolar capacitors intended for loudspeaker
design are only moderate-quality Asian products.
One way to improve the “sound” quality of these
cheap, nonpolar capacitors is Lo hypass them
with small-value {0.1-1uF) polypropylene types.
Another technique is to parallel muluple smaller
values rather than use a single large value of
capacitance. This way, the resistive and inductive
components are also paralleled together, and the
TABLE 7.2
GAUGE SIZE OF COPPER WIRE
Wire Dia. Gauge ik’
0.10190 0 0.9989
0.09074 11 1.260
0.0808} 12 1.588
0.07196 13 2.003
0.06408 14 2.525
0.05707 15 3.184
0.05082 16 4.016
0.04526 17 5.064
0.04030 18 6.385
0.03589 19 §.051
0.03196 20 10.150
0.02845 21 12.800
0.02535 22 16.140
0.02257 23 20.360
0.02100 24 25.670
0.01790 25 32.370
0.01594 26 40.810
TABLE 7.3
EQUIVALENT GAUGES FOR
MULTIPLE WINDINGS
Equivalent
# of Wires Gauge Gauge
2 18 15
3 18 13
4 18 12
2 16 13
3 16 11
4 16 10
FIGURE 7.159:
Proper placement of
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induclors.

net resistive and inductive effects of such a com-
ponent will be smaller than would be the case
with one large capacitor.

Although nonpolar electrolytic capacitors tend
to be Jess stable with age than solid film capaci-
tors, % it is important to note that capacitors (and
inductors) should be measured at the frequency
they will he functioning. If an analyzer such as
the LinearX LMS or an impedance bridge with
selectahle oscillator frequencies (as opposed to
the standard fixed TkHze type bridge) is available,
crossover components should be measured at the
specific high-pass or low-pass network corner fre-
quencies (or discrete operating frequency of
notch filters) and at one octave into the network
stopbandl.

7.86 DRIVER BANDWIDTH AND
CROSSOVER FREQUENCY.

Crossover frequencies are primarily determined
by the usable bandwidth of the drivers you intend
to use. For midrange and tweeters, the lower
limit is set by the resonance. Consequently, do
not cross either type of driver any lower than a
minimum of one octave above resonance.® Two
octaves, when practical, is preferable. This is to
avoid phase disturbance in the stopband of the
driver high-pass filter. If you are not comfortable
thinking in octaves, the relationship is simple:
twice the frequency is one octave higher, and half
the frequency is one octave lower. Therefore, a
1kHz resonance tweeter should not be crossed
any Jower than 2kHz; 3-4kHz is ideal.

The upper crossover limit for midrange drivers
(and for woofers) is determined by the driver
horizontal polar response. As frequency increas-
es, and the wavetength of sound becomes the
same size or smaller than the diaineter of the dri-
ver, the radiation pattern narrows. Two generally
accepted criteria will help you determine the
upper frequency limit to on-axis beaming. These
criteria relate to the amount of allowable attenua-
tion, or beaming, at the +45° offaxis listening
points. The mest commonly used acceptance fig-
ure is up to -6dB attenuation at 45° off-axis. A
more stringent criterion, if your driver band-
width is sufficiently wide to allow it, is to set the
upper frequency limit to -3dB of attenuation at
the 45" point (Fig. 7.160). Trlie 7.4 depicts the
crossover frequency versus diameter information

TABLE 7.4

HORIZONTAL POLAR RESPONSE CRITERIA
FOR DETERMINING THE UPPER LIMIT FOR
LOW-PASS CROSSOVER FREQUENCIES.

Driver Frequency
Dia.” - 3dB/Hz - fdB/Hz
15 661 1043Hz
12 912 1427Hz.
10 1065 1674Hz
8 1302 2055Hz
7 1540 2421Hz
5 2051 3229Hz
4 2687 4238Hz.
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for low-pass filters used in conjunction with
midrange and woofers.

The goal of determining the upper limit for a
high-pass crossover is to procuce as flat a response
as possible offaxis, which in turn yields a morve
flat power response. While the -3/-6dB craterion is
the general wisdom for making this choice of what
frequency to use for a woofer or midrange low-
pass filter, a criteria that I have used in my own
design work and one I have frequently noted in
the driver reviews that 1 have been doing in Voice
Coil magazine over the years does not require
looking at a polar plot. If you measure the on-axis
response and the 30° off-axds response of a woofer
and midrange, then a good choice for the upper
limit of a low-pass crosspoint is -3dB at 30° with
respect to the on-axis curve. If you look at the (°
and 30° curves in Fig. 7.161, -3dB at 30° off-axis
with respect to the on-axis curve occurs at 3.7kFHz
for this 5.25” diameter woofer. This would be con-
sidered the highest frequency you would consider
for a low-pass filter for this driver, and lower is
always better provided you do not induce modula-
tion distortion (excessive excursion) in the low-
pass driver you cross over to.

7.87 TWO-WAY VS, THREE-WAY
LOUDSPEAKER FORMATS
For sound quality, two-way designs have no inher-
ent superiority over three-way (or more) designs,
and vice versa. History records successful exarmn-
ples of both forinats. It is difficult, however, to
resist suggesting “the simpler the design, the bet-
ter.” Unless you are a loudspeaker system engi-
neering professional, fewer cross points and dri-
vers tend to resull in fewer problers and design
Erors.

Two-way designs are relatively sinple, while
three-way designs tend to separate the pros from
the amateurs. The major advantage of any three-
way design is greater power-handling because
there are more wansducers sharing the frequen-
cy spectrum. A well-executed three-way design
with crossover frequencies in the range of
250-300Hz from the woofer (o the midrange
and 2.5-3.0kHz from the midrange (o the tweet-
er is an outstanding format and hard to beat.

7.88 BOUNDARY RESPONSE AND
CROSSOVER FREQUENCY.

If you mount the drivers close to vour listening
room houndaries {walts and ceiling}, a substantial
dip in loudspeaker power response will 1ake
place. This occurs because of the interference
pattern caused by boundary reflections.
Depending on the amount of distance-caused
delay due to the driver location, boundary-
induced interference patterns will cause peaks or
dips in the loudspeaker power response. This is
only a problem in the lower-frequency ranges
where the distance of the driver to the wall or
Floor is less than 0.75).% For midranges and
woofers mounted 0.4-0.6 melevs (16”-24") from
any room surface, the dip in frequency response
will occur between 120-160Hz** The magnitude

of this depression can be from 3-10dB in the

CROSSOVERS:

overall power response, depending on your PASSIVE AND
room, fixtures, exact location, and so on. In ACTIVE
terms of loudspeaker response to a short dura-
- 3dB
- 548 Figure 7.160;
Horizontal polar
plot showing
bandwidth versus
directivity,
2707 90°
0dB ~10d8 -204B
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Figure 7.161;
Using on- and oif-
axis response to
determing a
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tion pulse (i.e,, 10 microsecrnds), floor reflec
tions occur approximately 2mS after arrival of
the initial wave front.?

Several solutions, or parual solutions, can
resolve this problem for you. One, suggested by
Collows, is to keep midrange crossover frequen-
cies in the 200-300Hz vegion. This places the dip
within the midrange stopband. If you happen to
be using a mid-woofer with a low resonance
(around 75Hz in a small cavity), it will place the
crosspoint at the desirable spot of at least two
actaves above the driver resonance frequency. It
is presumetl you can actively equalize the dip in
woofer response.

A second criterion, suggested by Allison,? and
applied over the yeavs by several companies
{including Acoustic Research and Allison
Acoustics), is 10 place the woofer at the intersec-

! i

o
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SIDE F!RE WOOFER RESPONSE

Figure 7.162: Boundary
intersection wooler
Tesponse.
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Figure 7.163: An
example of active
equalization.

tion of two roorn boundaries (the back wall and
the floor). Then locate the midrange and high-
frequency drivers at a distance from the bound-
ary intersection that is 0.75 of the wavelength at
the 300Hz crossover frequency, or 45”. The side
“fired” woofer will exhibit a near-flat power
response and will avoid the 120-160Hz response
dip, while the midrange will be safely out of
range of this effect (Fig. 7.162).

1
300Hz

LEVEL

AMP

120Hz

The third remedy for room boundary effect
and diffraction problems is active equalization.
This can take the form of adjustable frequency
equalizers or simple integrated circuit filters,
such as the one illustrated in Fig. 7.163. These
represent a sort of “shotgun” approach, but they
generally provide satisfactory results. Good
examples of the application of this type of circuit
can be found in:

1. §5. Linkwitz, “A Three-Enclosure Loud-
speaker Systern,” Speaker Builder, 4/80.

2. ]. YAppolito, “A High-Power Satellite
Speaker,” Speaher Builder, 4/84.

7.89 ADVANCED PASSIVE NETWORK
DESIGN TOPICS.

A more detailed examination of advanced pas-
sive network design techniques is beyond the
scope of this hook, but can be found in its comn-
panion volume, Loudspeaker Recipes, Book I Four
Twe-Way Systems. Loudspeaker Recipes is a crossover
design tutorial that uses four example 1wo-way
loudspeakers to explicate various aspects of net-
work design including such concepts as compen-
sating for interdriver time delay with network
mnanipulation and the importance of in-phase
netwark design. This book is available from Old
Colony Sound Laboratory.

7.90 LOUDSPEAKER VOICING

“Voicing” is a term generally used in music. For
piano technicians, voicing a piano rmeans adjust-
ing the hardness or sofiness of the hammers
after you have tuned the piano. Thal hardness or
softness changes the timbre of the notes and
gives a dilferent “voice” 1o the sound of the
piano. Even when the piano uning is perfect,
you ¢an still give it a different “sound” quality.
An extreme example of piano voicing is tack
piano, an old musicians’ trick in which you put
thumbtacks on all the hammers of an upright
piano, giving the piano a tinny or chiming quali-

ty while still maintaining the same tuning.

The other musical use of the term voicing is in
chord construction. Chord voicing generally
refers to the harmonic order of notes in a chord,
A simple type of chord voicing is a concept
known as chord inversions. For example, a three-
note triacl C chord on a piano has the notes C, E,
and G. When you play these three notes with the
C note on the left, CE-G, this is called the “root”
position. By changing the order of the notes but
still playing the same three notes, you get a slight-
ly different sound, and these are called inver-
sions. A 2" inversion of the G chord is E-G-C
and a 3 inversion is GCE.

So how does the term “voicing” relate to loud-
speaker design? First, because loudspeakers are
supposed to just reproduce music and not add
anything to the original recording, there should
be no such termn as voicing applied to a loud-
speaker. However, while loudspeakers are indeed
reprocuction devices, they are saclly very wnper-
fect ones and no matter what, ¢l loudspeakers
add some coloration to the original event and
make things even more complicated. The room
the loudspeaker is placed in also adds its own <ol
oration 1o the original event!

Whether you are a loudspeaker manufacturer
or a hobbyist building his own “dream” speaker
design, the ultimate goal is for your speaker to
sound “musical,” which is another way of saying
you want your speaker to sourl as much as possi-
ble like the original acoustic event. This is obvi-
ously a universal goal for speaker design and
“voicing” is a commonly used term among manu-
facturers in the Joudspeaker industry used 10
achieve that goal. Ultimately it all comes down to
some sort of final adjusunent or (uning process
that renders the design finished and ready for lis-
tening.

While the Loudspeaker Design. Cookbook is a pré-
cis of the objective technology you can use to
build a greatsounding loudspeaker, voicing is the
act of applying a final subjective judgment that
inay indeed override this applied technology.
Knowing how to manipulate both the objective
and the subjective aspects of a design is indeed
the “art” and “Zen” of loudspeaker engineering.
This section is offered as a guideline for this
process and will discuss some of the technigrcs
you can usc to be successful at voicing your own
speakers and also offer some specific detail on
what to adjust and what to leave alone. Please
note that these comments primarily apply to
high-order parallel crossover networks, but other
than specific component part recommendations,
can also be applied to other formats such as low-
order networks and series networks.

Before you set up to voice your new design, the
following set of assuinptions is useful:

1. The SPL of the speaker should have mini-
mal variation and be as “flat” as possible. While
being “flat” does not guarantee a successful
greal-sounding speaker (there are countless
examples of ruler flat designs that did net sound




good or sell well), it really is the best place to
start. You should akways strive to achieve a mea-
sured SPL. that is at teast £2dB or less on-axis. In
addition, the off-axis response at 30° should be as
close to the same 2dB as the on-axis response
(see Fig. 7.164 for a good example of this type of
on- and offaxis SPL for a 3-way design}.

2. Along with a +2dB response, another criteri-
on [ apply is to minimize the “Q* of all the
crossover filter transfer functions. You can read
more about this subject in Loudspeaker Recipes 1,
available from wwiv.audioxpress.com.

3. Whenever possible, keep the drivers in-
phase in the octave above and below the
crossover frequency. With a 2-way design, this
means the tweeter normally is connected in the
same polarity as the woofer and when the tweet-
er polanty is reversed, the system summation
reveals a deep 10dB or tnore nuil centered at the
crossover frequency (Fg 7.163). For a three-way
design, the midrange and tweeter should all be
connected with the same polarity as the woofer
such that when the polarity of the midrange is
reversed, the system summation reveals a deep
10dB or more null centered on both crossover
frequencies (Fig. 7.166). This subject is also cov-
ered in great detail in Loudspeaker Recipes 1.

A. A/B Comparative Listening: References
and Rooms
This is the point in the discussion where the
warning label appears. Subjective adjustment of
any design is difficult at best and loudspeaker sys-
tems have been probably made to sound worse
with the “golden ears” approach just as often as
they have been improved. While there have been
many instances of manufacturers who did not
rely upon objective measurement at all and been
successful, there have also been just as many
whaose loudspeakers were not successtul for the
SAMe 1€asons.

The two factors, besides just bad judgment and
poor hearing ability, that contribute to failure
with the subjective listening process have to do
with microphones and rooms. If you have lis-
tened 10 a lot of different loudspeakers, it's obvi-
ous that there is much variabitity in sound quali-
ty, and the same thing is true with microphones
used in recording studios. Your favorite choice of
program material, especially if you habiwally lis-
ten to the same recording (or a series of record:
ings by the same 1nix engineer), has been record-
ed with a microphone that has a particular lin-
bre or sound quality. Sc the caution here is to
beware of using just a single recording as your
sonic yardstick.

The next issuc to be aware of is the problem
with rooms. While loudspeakers may all sound
somewhat different, their variability is much
greater when placed in different locations within
the same roomn. A loudspeaker’s sound quality
changes more in different room positions and
has greater sonic differences than are found
from one brand of loudspeaker to another
brand®#738 lisienedl 10 in the exact same posi-

tion! While the prospect of finding a neutral-
sounding room is difficult to unlikely, you tend to
just make do with what you have. Taking the
room that you have available and applying all the
possible accustic treatments to remedy its mode
and reflection problems is not only expensive,
but requires some very specific knowledge, and if
you have the time and money for it, it is certainly
worthwhile.

But without going to thal extreme, the best
advice is to use the largest room available for the
project. The smaller the room, the more difficul-
ty there s trying to minimize its influence. If you
have a choice between a larger room with higher
ceilings or a much smnaller room with lower ceil-
ings, the large room Is the one you want Lo use,
alt other things being equal. Once you choose a
rcom to work with, inove a speaker around the
room to clifferent locations and both listen to it
and if possible use a real-Lime analyzer and check
its response (the TrueAudio TrueRTA listed
Chapter Nine is an inexpensive computer software
analyzer that works extremely well for this). My
preference is to place the speaker out into the
room anned diagonally across the room so that
the lateral reflections off the walls ave at a 45°
angle instead of 90°.

The majority of professionals in the loudspeak-
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Figure 7.164:

Example of acceptable

on- and off-axis fre-
quency response.

Figure 7.165: Null
response with twest-
er polarity reversed
for & 2-way design.

Figure 7.166: Null
response with
midrange polarity
reversed lor a 3-way
design.
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Figure 7.167:
Fletcher-Munson
Equal Loudness
Contour graph.

er industry voice their products in mono and not
in stereo. Trying to minimize room influence in
stereo produces twice the complexity. If you are
specifically working with a 2-channel system and
are trying to tweak the stereo image, [ still recoin-
mend doing most of the veicing in mono and
then try to make small changes in stereo mode to
affect the image quality. Because home theater
speakers don’t rely on a phantom image, it is not
really as critical a consideration.

After you have the rocm sorted out and are
satisfied you have done your best to resolve a
good listening location, the next most important
thing is some kind of reference. Voicing blind
without using a suitable reference loudspeaker is
difficult if not impossible. It is important to
choose a reference speaker that you are familiar
with that is close to the same category speaker
you are designing. This means if you are trying to
finalize a 2-way speaker with a 6.5” poly cone
woofer and a 17 soft dome, your best reference
will be a speaker that you know to sound good,
or at least sounds good tc you (beauly is both in
the eye and the ear of the behelder!), that also
has a 6.5” woofer with a poly cone and a 17 soft
dome. This way the timbre of the two speakers
will at least be similar. Trying Lo voice a poly cone
woofer and soft dome against a magnesium cone
woofer and an aluminum dome is going o be
difficult as the two different loudspeakers will
always have a perceptual difference that cannot
be accounted for with crossover design changes.

Once you accept the need for a reference, the
situation becomes much more comnplex because
now you must switch back and forth between two
sound sources localed in the room. The very best
you can do is to place the two speakers at the
same height and as close as possible, which
means literally right up against each other. Even
when almost in the same acoustic space in your
room, there can still be mode differentials to
affect the sound quality. To check for this, A/B
carefully listening to specific instruments, then
swap the two speaker positions and put the left
speaker on the right and the right speaker on the
left. If the sound changes in this comparison,
then relocate the pair until you find a place
where switching the positions doesn’t seem to
make any difference. An alternative to this 15 0
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build a test fixture like the one described in
Chapter 6, section. 6.50 titled Subjective Evaluation
of Diffraction. This rapid A/B device is inexpen-
sive to build and very effective, but should also
be combined with side-by-side comparisons.

A final, but important issue is listening level.
Voicing should be accomplished at levels between
90-100dB where your hearing is more linear. This
increased linearity at higher SPL can be seen in
the original Bell Labs 1933 Fletcher-Munson
equal loudness contour curves shown in Fig. 7.167
(now considered maore accurate and a better rep-
resentation of hearing than the later Robinson-
Dadson study done in 1953). Having a voicing
partner who has a good set of ears and perhaps a
final panel of educated listeners to preview your
design is also invaluable to the voicing process.

B. Network Manipulation for Voicing
Voicing is about making changes in a crossover
network that you produced using objective mea-
surement techniques and executed by either
manual iteration or computer optimization. If
you have done vour job well, the speaker will
have appropriate SPL profile and system imped-
ance that will not cause any amplifier issues by
dropping below 3.202 or present too high a reac-
tive load. Knowing what elements in the network
will affect the sonic changes you desire to make
and bow to avoid producing problems at the
same time is indeed the trick. Doing this well is a
matter of experience and while not realty diffi-
cult, it helps if you have done it more than once!

What follows are some guidelines for voicing 2-
and 3-way speakers. While your choices of which
crossover parts 1o change are not timited to the
ones given, experimenting beyond these limits
can produce problems that need 0 be resolved,
50 it Is important ¢ repeat SPL and impedance
measurements following your veicing sessions.

2-Way Loudspeaker Voicing--a typical network
design for a 2-way speaker is illustrated in Fg.
7.168. Voicing a 2-way design is mostly a tweeter
issue. If you have designed a speaker that mea-
sures within a £2dB window, with the network in
phase and the Q of the network transfer func
tions as shallow as possible, about all that is left is
adjusting the spectral balance of the speaker and
dialing in the tweeter’s presentation. Assuming
you have chosen a crossover frequency that pro-
duces the kind of on- and off-axis responsc
shown in Fig 7.164, it's not likely that you would
need 1o be adjusting the blend between the
woofer and the tweeter.

The biggest subjective issue usually deals with
tweeler level I the Lweeter level is too high, the
bottom end of the speaker can sound weak and
the top end oo prominent. If the tweeter level is
oo low, high harmonics will sound recessed and
the speaker can lack a “live” sound quality.
Adjusting the attenuation resisior (component |
in the schematic) can be done in 0.5-142 incre-
ments above and below where you set it in the
initial design, .




Once you have determined a new tweeter
attenuation value (don’t be surprised if your orig-
inal resistance choice was either close or required
additional resistance) and you still think the
tweeter is overpowering the speaker (i.e., if the
high hats and symbols image are in front of the
vocalist visually), then the top end of the tweeter
is probably too “hot.” You may then want to
experiment using a CR {capacitance/resistance)
conjugate circuit shown in the diagram with the
capacitor labeled as component 2. Start with low
values of C = 0.5-1pF and mcrease it in 0.5ufF
increments uniil the tweeter sounds 1nore “musj-
cal” in the overall presentation. Once you have
“salted” the new speaker te your musical taste, go
back and measure the on- and offaxis frequency
response and the systern impedance again to con-
firm what was done.

While you can adjust the other woofer and
tweeter crossover components as well, start with
this routine while comparing your design to a rel-
erence. If you can’t resolve the sound you are
looking for, then experiment with small changes
in the woofer inductor L1 and tweeter capacitor
Cl to see whether you can make further improve-
ments, following up with both on- and off-axis
SPL and hinpedance measurements to confinm
the changes.

3-Way Loudspeaker Voicing—a typical network
design for a 3-way speaker is given in Fig. 7.169.
Like a 2-way design, voicing a 3-way loudspeaker
is mostly a tweeter issue but is further complicat-
ed by the midrange transducer. Again, if you
have designed a speaker that measures within a
12dB or less window, with the network in phase
and low-() network transfer functions plus good
offaxis performance, all that remains is adjusting
the spectral balance and finalizing the tweeter
presentation. The biggest subjective task is adjusl-
ing the midrange and tweeter levels so they work
well together. Your goal is to obtain levels with a
sonic presentation such that you can set up level
switching that becomes brighter if the levels are
increased, and more recessed if the levels are
decreased.

Once you have determined final values for
resistor components 1 and 3 (this is obviously
somewhat more complicated if you choose to use
L-pads), and the speaker still seeins too “bright,”
try experiments with the same CR tweeter circuit
shown for 2-way designs. As before, start with
low values for component 2 with C = 0.5-1pI
and increase it in 0.50F increments until the
tweeter sounds more “musical” in the overall pre-
sentation. If you can’t resolve the sound you are
looking for by level adjustinents for the nidrange
and tweeter circuits or adding a tweeter conju-
gate circuit, then experimenting with compo-
nents in the twecter and midrange circuit is pos-
sible.

Adjusting the C1 capacitor in the twecter cir-
cuit can increase or decrease the emphasis the
tweelel Is presenting, but be careful changing
components in a bandpass midrange network.

This type of filter tends to have very high compo-
nent sensitivity (small changes in component val-
ues can make large SPL and impedance
changes). Generally, if you are using a similar cir-
cuit, you can make small changes in L1 and C3,
but again, be certain to go back and make on-
and offaxis SPL. and impedance measurements
to verify what changes were made.

A final, but important issue is listening level.
Voicing should be accomplished at levels
between 90-100dB where your hearing is more
linear: This increased linearity at higher SPL can
be seen in the original Bell Labs 1933 Fletcher-
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Figure 7.169:
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design.

FIGURE 7.170:
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Munson equal loudness contour curves shown in
Fig. 7.167 {now considered more accurate and a
better representation of hearing than the later
Robinson-Dadson study done in 1953). Not only
is the absolute SPL important for your listening
testing, but it is also extremely important that the
SPL of the reference speaker and the SPL of the
speaker being voiced be very closely matched.
This can casily be achieved using a pink noise
generator and an SPL meter. While there are a
nuinber of switching methods that can be used
for this purpose, a good tool for this type of A/B
listening is to use an integrated stereo amplifier
that has separate channel volume controls and
A/B speaker switching. Run the output of one
channel of a CD player (or preamplifier output)
into the single femate RCA input side of 2 Y cord
adapter and plug the two male RCA outputs into
the left and right channel inputs of the amplifier:
Hook the outpur of the left channel A speaker
system to one speaker and the right channel B
speaker system to the other speaker. Doing this
will allow you to set the levels for each speaker
independently and you can then use the A/D
speaker switch literally as your A/B comparison
switch. Last, it is absolutely essential to have a
voicing partner who also has a good set of ears.
This is the second reference in the process.
Remember a successful londspeaker is one that
has agreemment among a number of listeners, so
as a [inal step in speaker development, using a
panel of educated listeners to preview your
design is also an outstanding tocl.

7.100 ACTIVE CROSSOVER NETWORKS.
Low-level crossover networks are composed of
active clectronic high- and low-pass {ilter sections,
used between the preamplifier and amplifier of a
bi- or wi-amp sound system (as illusrated in Fig.
7.170). B and triznplification have been used
for many years in high output stage systems for
live musical perforinance. Because an active
crossover network is more complex and expen-
sive than single amplifier/passive crossover sys-
tems, it has never heen popular in commercial
home stereos. Its attributes and benefits, howev-
er, make its use extremely attractive. The follow-
ing are its major advantages:

(1). Lower IM distortion'® due o amplifier
operation over a mote narrow bandwidih. Also,
clipping caused by low frequency overload is
reduced, being limited to only one driver within
a multi-driver system,

(2). Increased dynamic range. One 60W and
one 30W amplifier in a biamp setup will clip at
about the samne levels as one 175W amplifier
with a passive crossover.’

{3). Improved transient performance.

{4). Better amplifier/speaker coupling for
woofers, and avoidance of passive crossover-
induced tweeler resonances,

(5). Better crossover perforinance working into
a constant impedance load.

(6). Better subjective sound quality than high-
level networks. !
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(7). Easier control over driver sensitivity differ-
ences.

(8). Easier manipulation of phase, time delay,
resonance, and various kinds of shaping, contour-
ing, and equalization.?'

Two formats, as suggested by Fg. 7.170, are
usable in a home music systern. The bi-amnp for-
mat usually consists of a single subwoofer enclo-
sure and separate satellite speakers with a
100-300Hz 18-24dB/octave active crossover.
The satellite speakers take the form of a small
two-way speaker with a 2-3kHz passive network.
(Incidentally, the single subwoofer system, in
terms of image quality, is inferior to the wo-
channel subwoofer and was originally a costly
engingering innovation.) The triamp format is
basically just an extension of the bi-amp system
with the passive network remnoved, replaced by
an additional electronic network and amplifier.
The formart provides the maximum flexibility in
terms of tailoring driver phase and frequency
response.

Since it is beyond the scope of this book to dis-
cuss the construction details of active filter cir-
cuits, the following are offered as highly recom-
mended resources for active filter design:

(1). S. Linkwitz, “A Three Enclosure
Loudspeaker Systein,” Speaker Builder, 2, 3, 4/80.

(2). R. Ballard, “An Active Crossover Filter with
Phase Correctors,” Speaker Builder, 3, 4/82.

(3). Ed Dell, “Elecuronic Crossovers Revisited,”
Speaher Bualder, 3/82 and 3/85.

(4). R. Bullock, “Passive Crossover Networks—
Active Realizations of Two-Way Designs,” Speaker
Builder, 3/85.

(3). W.G. Jung, various articles, Audic Amateur,
1, 2,4/75, and 2/70.

(6). P. Hillman, “Symmeuical Speaker System
with Dual Transmission Lines, Part IL” Speaker
Builder, 6/89.

(7). R. Parker, “A Tri-amplified Modular
Systein,” Speaker Builder, 5/90.

Most veferences above are supported by circuil boards
and parts available from Old Colony Sound Lab, PO
Box 876, Peterbovorugh, NIT 03458.
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TESTING
LOUDSPEAKER
TESTING

8.00 INTRODUCTION. R, DCresistance of the voice coil
This chapter describes a variety of test procedures R, substitute resistor {variable)
which will supply you with the needed parameters I, current through R .

to complete the calculations described in the body 1 current through R_

of the text. Most of these test procedwres are rela- v volume of air equal to the driver

tively simple and require only the use of a good sci- compliance

entific calculator, a signal generawr, a frequency V- volume of unlined, air tight box
counter (1o ensure accuracy), a couple of AC volt- (test box)

meters and a litde patience. Given the fact thatthe L. driver voice coil inductance

average audio technician could easily use these
directions and, for a fee, supply you with the

appropriate numbers, all you really need is a scien- friyies | =
tifte calculator and maybe a “C” in higb school ¢ o T - !
algebra, . Bl T S B B H e ey o
To be honest, doing the job right can take alot  ,, 1~ |~ | A7R [ o e i S I I 2 S I
of time and patience. I spent 11 months, full- AN TIIL L '
time, developing a single Joudspeaker just in tune TN 111 - 4(7.
for the winter Consumer Electronics Show. And 1 /l S ENAA . Lo, 4(’ '
had help. So I don’t want to make it seem wo L e A 3
easy to design a really good loudspeaker. As I o SN BN ' T i :
have commented previously, loudspeaker design ——F - A1 R i e
is still largely an art. Engineering will guide the 3.8 TTH i T — =TT
way, but it is no substitute for good taste, good HHHH ' 1
sense, and musical sensitivity. If engineering were ' i .| | |L ' , ' L1]]] ' | 1] | L7,
all it took, there would be no bad or even LB e e e ——
mediocre loudspeakers to thunk about,
FIGURE 8.1: Woofer resonance before and after break-in.
8.10 DEFINITION OF TERMS.
BL  driver motor strength given in tesla 8.20 BREAK-IN,
melers Prior to testing, alt cone speakers should be bro-
f, driver [ree aiy resonance ken in. However, the reason for doing this is not
f,  driver resonance with mass M_ attached  as obvious as you might itnagine. While the
. resonance of driver in box (test box) majority of woofers will undergo a “Joosening” of
M, 4 massor weight of speaker cone assembly  the suspension system after five to ten hows of
M,,, radiation (air) mass load of the cone play, this has very little effect on the
M, . lotal cone assembly mass including Thiele/Small parameters used for developing
radiation mass box volumes. Figure 8.1 shows a free-air imped-
M, test mass (usually a measured amount ance measurement comparison of a 6.5” Peerless
of clay) wooler right out of the box to the same woofer
C, compliance of box (test box) after 12 hours of break-in using a sine wave gen-
G, driver mechanical compliance erator (at 25Hz) and ampiifier. Importing this
Q.,  driverelectrical Q data (along with the delta compliance curves also
Q.  driver mechanical made before and after break-in) into the LinearX
Q. driverwtal Leap Software yielded the parameler summary
Qe Qg of driverin test box given in Table 8.1.
R, substitute resistor equal to R . At first glance, it appears that there has been a
R, Ratf lesstheR,, substantial shift in paraineiers with at least an
11% decrease in the driver's vesonance (requency.
TABLE 8.1 However, when these parameters are used (o cre-
BEFORE AFTER ate box simulations the answer is obvious. Figure
BREAK-IN BREAK-IN 8.2 shows the comparison of the before and after
F 49.9Hz 44517 parameler sets used Lo create both a sealed and a
QO‘ 911 1.97 vented box computer simulation. Differences in
ans 044 0.99 these box simulations are shown in Table 8.2
Q(S 0.97 0.33 As can be seen, the changes in box perfor-

Va; 16.8 1o 916 lir mance are (rivial. The reason this occurs 15 that 195
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the FS/Q‘s ratios remain constant before and

DESIGN after break-n. In the case of this woofer, FS/Q-(s
COOKBOOK before breakin was 136.7% and after break-in
9adB Hrap ' 1 > A . ' f—’”}__m Ph : ; . _ _Jl-‘--_
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FIGURE 8.2: Compuler Simulation comparison before and after break-in.
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136.72, nearly the same. This is true for all
woofers. Many tunes different sainples of the
samne model will “appear” to have entirely differ-
ent T/S parameter sets, when in reatity they will
provicle identical box performance. If you suspect
that two sainples are very different because the

parameter set is not identical or close in the vari.
ous parameter values, check the Fs/ Q,, ratios or
perform a computer box simulation m the same
box volume with the different data sets. This wil]
immediately tell you if the woofers really are the
same or if something important has changed.

So why bother to break-n drivers prior to test
ing? To assure that a valid test sample is being used.
If a bad voice coil rub or poorly glued surround or
spider are going to be a problem, banging the dri-
ver around with a reasonable ainount of voltage at
25Hz for 12 howrs should reveal the flaw. There is
no sense i proceeding to design a project if the
wooler is not a representative sample.

8.30 MEASURING RESONANCE (f).

The voltage divider setup in fig. 83 or 8.4 can be
used to determine the driver resonance freguen-
cy f. This measurement should be made at the
lowest nominal voltage level at which your equip-
ment will function. Less than 1V would be prefer-
able. As the drive level increases, especially when
measuring smalt diameter drivers, the resonance
frequency also moves upward. The measure-
ments being made are for use with small-signal
mathematical models, so the measurement volt-
age should be “small.”

Tradition dictates that the driver be suspend-
ed, by cable or chain, in the air at least three feet
fromn nearby objects or boundaries. However, the
cone motion produces an opposite reaction such
that the frame will be moving during the mea-
surement. You'll get slightly more accurate results
by clamping the driver to a test jig. The jig can be
two 1 x 2 lumber slats placed horizontally three
feel or so off the ground, with the driver placed
between the two boards and clamped in place.

Make the measurement by varying the genera-
tor frequency between 10Hz and 100Hz (for
woofers) untl you locate the maximum veltage.
Since midranges and tweeters have higher reso-
nances, the manual “sweep” range will change
appropriately. The frequency at the voltage peak
is the driver free-air resonance and should be
measured to the nearest tenth of a cycle (Hz).

Fg is the driver resonance accounting for the
loading effects of an enclosure baffle. To mea-
sure fsb use the same procedure, but mount the
driver on a flat baffle the same size as the enclo-
sure baffle,

Alternatively, you may use the current source
voltage setup in Fig. §.5. The same procedures
are followed except that the resenance frequency
is determined by locating the frequency of the
minimum indicated voltage.

8.31 MEASURING IMPEDANCE.

Impedance is AC resistance. The test setups
shown in Figs. 3 and 8.4 are examples of the
voltage divider (constant current) method for
measuring impedance. Using one of these
setups is the easiest method for generating rea-
sonably accurate calibrated impedance curves.
The impedance curves generated with this tech-
nique, hawever, are not a true impedance. A




major consequence of using the voltage divider
type of circuit is that the higher the speaker’s
impedance, the less absolutely accurate the mea-
surement will be. The difference is not great,
but it is something to be aware of. Figure 8.6
shows the comparison of a true impedance and
a non-true impedance of the same driver mea-
sured with the Audio Precision System 1 using
the voltage divider inethod. With the System 1,
using the voltage divider method amounts to
using the sweep generator’s 600€2 source inped-
ance for the voltage dividing resistance. The
cdotted impedance curve 15 the System 1 data
imported into the LinearX LEAP software with-
out conversion, and the solid curve represents
the same data converted to true impedance
{using the LEAP impedance import conversion
routine). The impedance difference is about
2.7Q at the resonance frequency, and about 1Q
ar frequencies greater than 5kHz. Both the
LinearX LMS and Audio Precision Systein |
and 2 analyzers will measure true impedance.

The measurement using the Fig. 8.3/8.4 setup
is made by varying the oscillator frequency
between 10Hz and 20kHz and manuvally record-
ing the voltage value at frequency intervals.
Calibrating the setup will allow you to read the
voltage as an ohms equivalent. Do this by replac-
ing the driver with a 1% 108 resistor and
adjusting the generator level to read 1V on the
voltmeter or DVM. The voltage reading will
now represent the equivalent impedance value
in olms, where 1V =102, 0.8V = 8Q, 2V = 204,
and so on. Keeping the generator setting the
same, replace the calibration resistor with the
driver andl take enough readings to produce a
smooth curve. Use semi-log graph paper to
record the data (semi-log graphs have a logarith-
mic horizontal axis, and a linear vertical axis).

The same procedure can be used to tune
vented and passive-radiator enclosures o f.
Because the flat shape of the impedance in the
vicinity of the f frequency sometimes produces
only a small voltage change and is often difficult
to locate, the setup in Fig. 84 can be useful. I,
is located when the scope curve becomes a [lat
45° line, as shown in the diagram'.

The current source method ilustrated in fig.
8.5 will also yield true impedance, but has sev-
eral distinct advantages over the constant voli-
age method. The most imporlant advantage is
that the speaker is connected directly to an
amplifier (as it will be when in actual use} and
not o a generator souwrce through a 600-1000£
resistor. The voltage divider method provides
no damping for the driver other than ils own
mechanical systein, while the current source
method provides the damping factor of the
amplifier to heip control the woofer. Also, it is
difficult to get tore than a few millivolts
through a 600-1000€2 resistor using most gen-
erators. This means that the measuwvement is
pretty close to the noise floor and can easily be
disturbed by ambient room noise. Using the
current source method, you can not only exan-

ine impedance changes with different voltage
levels to exainine dynamic impedance changes,
bul use a minimum voltage that is above the
noise environment. Applying 1V using the cur-
rent source method will still yield appropriate
small signal data while providing a robust
enough signal to give good results. The only
downside is that this type of impedance mea-
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TABLE 8.2

SEALED BOX
SIMULATION
['5=86.8Hz Quc = 069
F3 = 86.5Hz Qe = (.68

Before Break-in
Afler Break-in

VENTED BOX
SIMULATION
F3=61.6Hz
I'3 = 61.6Hz
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FIGURE 8.4: A graphic impedance luning system.

surement is not as convenient as the voltage
divider technigue commonly used by most
practitioners.

There are two ways you can perform con-
stant current (acdimittance) type ineasurcinents
for Lthe purpose of creating impedance curves.
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The manual method depicted in Fig. §.5 works
well and requires a minimum of equipment to
accomplish. To use this technique, use either a
calibrated resistance substitution box {one that
can handle sufficient current so you don’t burn
out the resistors) or a 10W potentiometer. Find
the impedance value at any frequency by noting
the voltage at that frequency with the woofer
connected. Remove the woofer and substitute
RX and vary 1ts value until the same voltage is
obtained. RX is then removed and measured
with an ohmmeter to get the impedance value
(or by reading the value off the resistance substi-
tution box). Again, a good voltage for making
impedance curves for the purpose of generating
T/8 parameters is 1V. If you own one of several
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FIGURE 8.7: Veltage and current curves for impedance measurements.

TABLE 8.3
Diameter Sq (M7 Mmr (grams)
187 0.1300 27.0
15" 0.0890 15.3
12" 0.0530 7.0
10” 0.0330 3.5
8 0.0220 19
6.5 0.0165 1.2
6" 0.0125 0.8
5.25" 0.0089 0.5
4.5" 0.0055 0.2
3" 0.0038 0.t

conputer based analyzers that have the ability to
divide measurement curves such as the LinearX
LMS, Audio Precision System I/I1 or CLIO, you
can use the same method. LinearX makes a con-
venient test jig for this purpese called the
VIBox?. This allows the user to make rapid volt-
age and current (admittance) measurements for
plotting true impedance curves. The VI Box also
has switching for both 0dB and -40dB attenua-
tion for low or high voltage measurements.
Using this method, two curves are produced, a
voltage curve taken at the woofer terminals (no
substitute resistor is used with this methed)} and
current curves measured across the series
ground leg 0.182 resistor. An example of these
two V RMS measurements made using the
LinearX LMS anatyzer is shown in fig. §7. The
current or admittance curve looks like an upside
down impedance curve. Using Ohms law, you
then divide the voltage curve by the current
curve to get the impedance curve (V/1=Z).
Since both of your measurements are in volts
RMS, the impedance curve is also in V RMS.
The final procedure is to take this curve and
convert it from volls to ohms. Using LMS, the
procedure is to use the log to linear conversion
routine twice (V to VdB 10 ohms) to produce the
final result shown in Fg. 8.8.

8.32 MEASURING COMPLEX IMPEDANCE.
The only way to undersiand the reactive conse-
quence a loudspeaker load presents to an
amplifier is by measuring or calculating the
complex impedance. The impedance magni-
tude measurement described in Section 831 is a
compasite measurement comprised of two ele-
ments, resistance and reactance. When using
the voltage divider or current source methods
to neasure impedance, the reactive and resis-
tive elements are being consolidated to get a
general picture of the speaker load. This is a
sinple measurement and is a convenient ool to
reveal and avoid excessively low loads (below
3Q). Knowing the reactive nature of this load,
however, can give you a more detailed portrayal
of the load’s characteristics.

The composite of reactance and resistance is
expressed mathematically by:

7 = (R2 + X‘Z)'/z




where Z is the impedance 1nagnitude {as mea-
sured in Section 8.31), R is the resistive compo-
nent, and X is the reactive component. The resis-
tive element in the equation can, to some extent,
be observed in the impedance magnitude plot,
like those shown in Fig. 8.6. The lowest point in
the trough just following the resonance peak is
almost purely resistive, and is more or less equal
to the DC resistance of the driver. Also, the
impedance at the resonance frequency is purely
resistive {at least if the phase angle is at zero,
which is generally, but not always, the case).
Understanding which part of the curve is reac-
tive is not readily apparent.

The reactance portion of the loudspeaker
impedance can be either capacitive (voltage lag-
ging current) or inductive (voltage leading cuu-
rent}). The extent to which the load is either
capacitively or inductively reactive at different
frequencies determines how happy, or unhap-
py, an amplifier will be driving a particular
loudspeaker. Determining which is which, resis-
tive, capacitive, or inductive, is actually fairty
easy. You need only the inpedance magnitude,
measured as shown in Section 8.31, plus the
impedance phase. Obtaining phase requires
the use of either a phase ineter or a computer
program which can derive phase from the
impedance magnitude, such as Peter Schuck’s
KOPT crossover program, or LEAP 4.0. Phase
1s basically calculated from the slope of 2 mag-
nitude curve andl is explained in greater detail
in Section 8.83 Measuring Phase.

The procedure for generating a complex
impedance curve begins by finding the resistive
and reactive value for each frequency point on
the impedance magnitude curve. To find the
resistive value at any given frequency, muluply
the magnitude value (Z) by the cosine of the
phase angle (6), expressed as:

R=Zx(Cos )

To find the reactive value at any given frequency,
multiply the magnitude value by the sine of the
phase angle. Phase, whether measured or
derived, is given in degrees positive or degrees
itegative. Taking the sine of a positive phasc
angle, a positive answer results, which signifies
inductive reactance (X;). Likewise, taking the
sine of a negative phase angle, a negative answer
results and this indicates capacitive reactance
(X.). Inductive or capacilive reactance is
expressed as:

X, =Zx(Sin@)
X, =7 x(Sin B)

R is the real comnponent of impedance, and X
and X_ are the imaginary companents of the
impedance. The imaginary components are cor-
rectly labeled using the imaginary number j oper-
ator, and are expressed as +02 for inductive reac-
tance and —jC for capacitive reactance,

Once the data for each frequency point has LOUDSPEAKER
been “split” into real and imaginary components, TESTING
it is graphed on a polar plot cominonly referred
to as a Nyquist plot. Figure 8.9 shows a measured
complex impedance plot (Nyquist} using the
DRA MLSSA FFT analyzer. Figure 8.10 gives the
impedance magnitude and phase for the same
measurement, which is the impedance of a vent-
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FIGURE 8.8: Impedance measurement resulting from W/
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FIGURE 8.9: impedance Nyquist—ohms (equalized).
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FIGURE 8.10: Impedance bode plot—ohms {equalized).
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FIGURE 8.12: BL. measure-
ment.

CC CURRENT METER

NEEX

Nl

NP

DC POWER SUPPLY

ed woofer. The horizontal axis is labeled in ohms
and represents the resistive/real portion of the
plot. The MLSSA plot has the horizonral axis
scaled in positive and negative resistive values, but
plots for loudspeakers need only the right side, or
positive values for R. If you are plotting complex
impedance by hand, label the horizontal axis from
zero o sotne positive value only. The vertical axis
represents the imaginary values and is scated to
zero at the center of the axis and positive/induc-
tive, +j€2, at the top half of the scale, and negative/
capacitive, —j€2, at the bottom half of the scale.
Both axes should use the same scale factor.
Interpreting complex impedance curves is
fairly straightforward. The curves start at the
left and rotate clockwise o the right. A reso-
nance is represented by a complete circle, so in
the case of the plot in Fig. §.9, the two reso-
nances of the vented enclosure have two rota-
tions. If the enclosure is well braced, these cir-
cles will be round and syminetrical. If the
enclosure is flexing 10 any extent, the circles
will be deformed and asymmectrical (the

FIGURE 8.13: The BL
meter.
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MLSSA screen graphics do not maintain a cor-
rect aspect ratio so the plots will not look as
described). Small loops and pigrails may show
up in the mid w high frequencies of a full
range speaker and indicale acoustic coupling
between drivers caused by excessive overlap of
driver operating ranges.

The load the speaker presents to the amplifi-
er can be evaluated by noting the frequency ol
maximuin capacitive reactance. Determine this
by drawing a line from the origin (0,0 coordi-

nate) tangent to the capacitive side of the bass
resonance circle. This frequency represents the
maximum capacitive phase angle for the speak-
er, which in Figure 8.9 js 46° at 58Hz. Phase
angles in excess of 40° at Jow frequencies, and
the same at frequencies about 1-2kHz, can be
considered as a somewhat difficult load for an
amplifier to drive. The lowest resistance point
value is also important. Values below 3€2 as the
curve crosses the horizontal axis at very low or
very high frequencies can also present a diffi-
cult load.?

8.40 CALCULATING DRIVER
AIR-MASS LOAD.

The air has mass and exerts a pressure on the
surface of a cone which needs to be accounted
for in cone assembly mass measurements. The
amount of radiation air mass Joad depends
upon the total surface area of the cone and is
caleulated by

M, =0575xS,

Table 8.3 gives the typical free air radiation mass
load for different diameter drivers.d

8.41 MEASURING DRIVER MASS.

Three methods are available for ascertaining the
mass, or weight, of the driver’s cone assemhly.
The first one is obvious, just ask the manufacturer
to provide the data. This is the most accurate way
of obtaining the information and certainly saves
tme. The assembly mass, M, 4, can then be cow-
bined with the driver radiation mass load, M, t0
get the total cone mass, M

ms’

M. =M

ms

md * l\’Inn'
The other two mcthods, Delta Mass and Delta
Conpliance, must be done with test equipment.

A. Delta Mass (added Mass) Method.

Using the test setup in figs. 8.3, §.4, or §.5, attach a
small, accurately measured amount of clay (or
othey material measured to 0.1 gram), M, 1o the
driver cone, pressing it snugly in place symmetrr-
cally around the cone and dust cap junction. With
M, in place, determine £, the resonance of the
cone plus mass, in the same manner as measuring
the driver free air vesonance. For accuracy, the
measurement should be made with the driver
ctamped to a rigid, suspended surface. This mea-
surement should he within the nearest tenth of a
cycle, or 0.1Hz. The added mass (M, ) should be of
sufficiens weight o produce a minimum of
25-50% change in the resonance frequency of the
driver (this can be difficult when measuring low
resonance drivers, since [, could be below 10Hz
and be very difficult (o incasure accurately even
with expensive professional test equipment, so
keep I, above that frequency). This is approxi-
mately 10 grams for smaller diameter cones of 6”
or less, and up to 40 grams or more for larger
cones. The cone mass M is calculated by:




Ma

Mmd = —22
(ffla)2 -1

in grams

Then Mms = 1\'llmd + Mmr'

B. Delta Compliance (test box)} Method,

With the Delta Mass method, f was lower in fre-
quency than the free air resonance of the driver.
This can present problems with extremely low
resonance drivers if f goes below 10Hz, due to
the limitations of sorne test equipment at such
low frequencies. The Delta Compliance method
has the opposite effect and drives the resonance
upward, and is easier to measure on less expen-
sive test gear.

The test box must be sealed so all joints are
air tight. The driver is mounted on the outside
of the box as illustrated in Fig. 8.11 for the
sealed test box example. An air-tight seal
between the box and the driver is also critically
important. Closed-cell foam tape, the kind used
for sealing door jambs, can be used for a gasket
while holding the driver in place by hand, or
screwed to the top of the test box.

The size of the box must be such that the res-
onance is changed from 50-100% of the free-air
value. This depends on the driver V_, and if
you know what that is from manufacturer’s
specs, a box that is hall of the V, will be appro-
priate. Bevond that, a set of test boxes can be
made which will cover most circumstances:

Diameter Test Box Volume (cu. in.)
4-5" 216
6-7" 864
8" 1728
10~ 2532
127 3456
157 4320

The rotal volume of the box should inclucle that
determined by the internal dimensions, plus the
volume of the hole made for the driver. This vol-
ume can be multiplied by 1.02 to account for the
air space in front of the cone. Any of the test
setups in Figs. §3, 8.4, or 8.5 can be used to find
the box resonance, f, with the same hasic proce-
dure w find driver free-air resonance. Whet this
frequency, [, is determined to the nearest 0.1Hz,
then caleulate the box compliance, G,

Y .
Cob = a2 - in melers/newton

1.42 x E% x §4°

where V,, is given in cubic mewers, and 5, in
square meters.

M 418 then calculated by

Cr '~ Mimr(1.85(6.2831 17 - |6.283L,)'] "
(62832 - (6.283f.)

Mmd = kg

where G is given in meters/newton, and M in

kilograms. Then M =M _ +M

ms imd mr’

8.42 CALCULATE DRIVE COMPLIANCE.
The driver suspension compliance, C_, is cal-
culated from:

ms’

G, = [(6.2830)% x M, J” in meters/newton

ms
where M Is given in kilograms.

8.43 MEASURING DRIVER BL.
BL is a measure of the motor strength of a driver
and is equal o the product of the length of wire in
the inagnetic field multiplied by the magnetic
ficld density. The measurement is given in units of
tesla meters. Several methods are available for
ineasuring BL, but the most repeatable bench top
measurement is by the opposing force technique.”
The test setup for BL measurement is shown
in Iig. 8.12. The procedure is to place the speak-
er horizonally on a stable surface, add a known
mass (M. ) which will depress the cone to a lower
position, then apply a DC voltage to the voice
coil, increasing the voltage witil the cone returns
to il starting (rest) posilion. The amount of mass
is not critical, but mmusl be known accurately to
0.1 gram, and must be suflicient to depress the
cone by at teast 0.25". Once tbe cone has
rewrned to its rest position (if increasing voltage
makes the cone go further downward, reverse
the polarity), the current (i} au this point is notecl.
BL. is calculated by:

9.8{Ma}

BL = in tesla-meters

where M, s given in kilograms, and curren, i, in
amperes.

The mick to performing this measurement
accurarely is to precisely determine the lecadion
of the driver rest position before the weight s
added, and when current is applied, to return
the cone to the saine position. A simple method
for rigging a rest position indicator is to attach a
piece of wire 1o the edge of the frame such thal
it bends over the top of the driver and contacts
the cone at the junction of the cone and sur-
round with the speaker in the rest position. A
better indicalor can be made from 2 handful of
Radlic Shack parts. The device, the “BL meter,”
is depicted in the photograph in Fig. 8.13. The
list of parts is as follows (parts numbers are from
Radio Shack catalog No. 439, 1991, and any-
thing similar will work just as well):

“Helping Hands™ Project Holder #64-2093
LAV Tunp #272-1139

LBV hattery holder #270401
Self-Adhesive Alavm Foil #49-502

Test Probe Tip #278-705

1.5V AA battery

Assemble the BL meter hy first shding the main
ann of the project helder to one side, nghtening
up the wingnut at the joint. Next, unscrew 1he
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probe tip from one of the test probes and unsol-
der the wire. Insert the bare tip in the alligator
clip at the far end of the project holder arm. Place
the battery in the battery holder and connect the
positive red wire from the holder to the red lead
on the lamp. Clip the black lead froin the Jamp in
the other alligator clip on the project holder. Take
the battery/lamp assembly and tape it to the main
arm of the project holder with electrical or plastic
tape, leaving the black lead from the battery hold-
er hanging free. Position the lamp so it dangles
close to the holder in plain view. Next, strip aboul
%" from the end of the reimaining black bateery
holder lead. Cut 17 of alarm foil and feld over
about ¥i” over the bare batcery holder wire. This
will make contact with the wire and leave 14" of
foil with adhesive surface left over.

To use the BL meter, place the device close to
the woofer. Affix the foil connected to the battery
holder black lead to the surface of the cone next to
the junction of the surround and cone. Carefully
place the probe tip so it's just barely in contact with
the foil and the lamp is illuminated. When the
weight is placed on the driver, the lamp will go our.
When the rest position is again reached by apply-
ing DC voltage, the lamp will illuminate, signifying
the rest position has heen reached.

8.50 CALCULATE DRIVER

VOICE COIL INDUCTANCE, L,
Using the test setup in Fig. 8.3, measure impedance
magnirude (m) in ohms at a frequency of 10kIz.
The voice coil inductance in henries is given by:

L, = 1.592 x 107° (in? - R;%)*

A more accurate method of calculating driver
voice coil inductance is to measure the magnitude
and phase at 1kHz and use the formulas for com-
puting complex impedance in Section 8.32 1o sepa-
rate the inductance/imaginary component from
the resistive/real component, keeping in mind
that the inductance of a speaker is a frequency
dependent variabie and will be different at differ-
ent frequencies. If phase measurements are not
available the following approximation works well:*

1. Measure the impedance magnirude at TkHz
{Z,) 10 0.10.

2. The voice coil resistive/real compoenent at
1kHz can be estimated by:

R, =R, x(1+0.038BL) in ohms
3. Total reactance is determined by
X =[2,2-R )" in ohms
4. Find the inductive reactance (X ) by remov-
ing the reactance due to cone mass by:

2
XL = XTX —_— BL —

6283Mmd
where M is given in kilograms, and BL in tesla
meters.

in chms

5. Voice coil inductance L, is found by:

BL?
6283

Leve= in henries

Atthough voice coil inductance is typically mea-
sured at 1kHz, both the inductance and AC
resistance of a loudspeaker voice coil are fre-
quently dependent, and change substantially
with frequency.

8.60 CALCULATE AMPLIFIER SOURCE
RESISTANCE, R...

Amplifier source resistance is one of the series

resistances taken into account when calculating

driver Q. The easiest method is to use the manu-

facturer’s advertised damping factor (D), usually

measured at IkHz. Calculate R; by:

Ry

Rg = —d
(D-1)

where R, is the rated driver impedance. If
inpedance loading circuits described in
Chapter 7 were used in the crossover design,
this figure will be constant over most of the
bandwidth of the speaker. Damping factor,
however, can be substantially different at differ-
ent frequencies and different drive levels. Thus,
a more accurate method is to measure the
damping factor of your amplifier rather than
use the advertised figures. This procedure,
described by Small,? involves making the new
measurement at 50Hz.

Use a 50Hz sine wave to drive your amplifier,
connect a voltmeter across the output terminals
with no load, and adjust the amplifier volume and
generator level unti! you obtain a veltage equal to
E,, where:

Eq=(W xR "
W = amplifier rated output in watts

L, for a 50W amplifier working into a 4 speaker
load would give Ej = 14.14V.

With the same amplifier and generator settings,
measure E, the output veltage, with a load resis-
tor equal to R across the output terminals (the
resistor should have a voltage rating equal to the
amplifier output rating). Then:

Ro = Ralfo - Ei}
Ey

TABLE 8.4
VENTED TEST BOX SIZE
Driver Box Volume Yent
in inches 3 in inches
8 1.0 21D x 2*
10 1.5 21D = 2
12 2.5 31D x 6~
15 3.5 4" 1D x 5~




8.61 CALCULATE TOTAL
SERIES RESISTANCE, R,

In addition to the amplifier source resistance, R
you must measure and include in driver () calcula-
tions the remaining series resistance between the
amplifier terminals and the woofer terminals,
including the speaker cable, cabinet terminals,
internal wiring, and crossover resistances (such as
the inductors). To do this, measure R, (the resis-
tance in ohms) at the speaker cable terminals
(where the amnplifier would connect) with the
crossover and drivers in place. Then:

Ry =R - R

8.70 CALCULATE THE VOLUME OF
AIR EQUAL TO DRIVER
COMPLIANCE, V.
V,, is one of the most difficult driver parameters
to measure, since its value can change appreciably
with air temperature and hurnidity. Here are thiee
methods of measurement and calculation: vented-
boy, closed-box, and the C,,, method.

1. Vented-box. Using the appropriate box dimen-
sions and vent sizes given by Table 8.4, run an
impedance curve and determine the frequencies
fi; and f; {Fig. 8.4). Also, find the box resonance
(f.) with the vent covered.

Then:

R

and:

v, = ' = B - 60)
(fu*i?)

This method assumes no leakage losses, which is
not always the case for all drivers. It also assuines
f, to occur at the ineasured impedance minimum,
which, again, is not always the case, especially for
large voice coil induclances.

2. Closed-box method. Using an unlined test box
(V,) measure the driver electrical ) (Q.) andl box
resonance {f) with the driver installed as in fig.
8.11 (Q), measuremen is discussed in 8.80). Use a
1% test box for 87 and 10 drivers and a 263 test
box for 12 and 15" drivers. The driver must have
an air-tight seal. Then:

Vi = ¥, (_“9°ﬂ -1
fSQC!

A faster, but less accurate, alternative is to just
measure the resonance {f_) of the test box, then:

Vi = v, 115 (B )y
A

Both these procedures assume zero losses, and
can procuce inaccurate results.

3. Driver compliance method, Using the driver
compliance (G, J calculated above, and the radiat-
ing area of the driver in square meters {S,) (Table

1.15), calculate V_ in cubic meters by:
V, =142 x10° (S (C,)

This inethod has the advantage of being inde-
pendent of driver leakage losses. The C
method, however, as well as the other two
methods described, are subject to suspension
nonlinearities, which could adversely affect the
results, You can minimize these effects by mak-
ing the tests at the lowest possible voltage level
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on your equipment. With this test, as with oth-
ers in this chapter, you must take frequency
measurements with a resolution of 0.1Hz,
which is why a frequency counter is shown in
all test secups.

In practice, methods two and three lend 1o pro-
duce similar results. My preference, howevet, is 10
use the Delta Compliance method to compute
comnpliance and then use method 3.

8.80 MEASURING DRIVER “Q"-Q,

Q.. ANDQ, ..
Driver Q may be measured in two ways. The
first is the traditional one suggested by Thiele in
his original paper on vented enclosures. This
incasureinent is performed by finding the -3dB
points on either slope of the resonance peak of
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the driver. The other is to measure driver BL
and compliance and use this data to calculate
Q values. Thiele’s method is widely accepted in
industry, but can be prone to measurement
error. This is caused by nonlinear driver sur-
rounds, and the sensitivity of the =3dB location
method depending on the sharpness and shape
of the resonance peak. In almost all cases the
procedures described for method 2 will yield
more reliable results and is highly recommend-
ed as a less error-prone alternative if you have
modest equipment resources. For reference,
both methods are given,

A. Method 1.
Using the test setup illustrated in Fig. 8. [4:

HALF-SPACE

DISTANCE
1 METER

GROUND-PLANE

NEARFIELD

K

DISTANCE
2 METERS

DISTANCE
<0.258"

o

E

FIGURE 8.15: Frequency response measurement domain.
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1. Measure the DC resistance ol the driver
voice coil (Ry), preferably with an accurate
hridge.

2. Select a resistor (R ) of similar value to R, (if
Rg =6.5, an 8Q resistor is close enough).

3. Connect R_ to the test terminals, and set
the generator to f. Take special note of the
voltage at this point, since all of the lollowing
readings must be made at that exact same stan-
dard voltage. Its absolute value is not impor-

tant, so long as it remains the same in each
step. Use the 100mV range if this will provide
good results with your equipment. If not,
increase the voltage to between 0.2-0.7V. This
will probably give better results and still be
within what can be considered the “small sig-
nal” range. Measure the current at the stan-
dard voltage at f. Label this 1,

4. Calculate:

5. Disconnect R and connect the driver.
Holding the driver in inidair, adjust the genera-
tor frequency for minimum current, which will
be f,. This minimum current at f_is labeled I,

6. Calculate:

7. Calculate:
L= (1:1)"

8. Find the frequencies [} and {,, below and
above f_ respectively, whose current is equal o [
at the standard voltage (/2g. 8.14). Check the
accuracy of ineasured f by calculating:

[, = (I,6)%
If the measured figure is less than or within }Hz

of the calculated figure, f, can be considered a
reliable measurement.

9. Calculate:
alculate:

Q:s = Qms
fro~1)
11. Calculate:
st - Q:s X Q,ms
Q:s + Qms

This gives the value of Q,, considering only the
driver parameters. As mentioned above, you must
take into account the various series vesistances
presented by the amplifier, connecting cables,
and crossover since they will all increase the value
of QQ,, once you install the woofer in the system.
You can do this when you make your measure-
ments by inserting a series resistor equal 1o the
value of these resistances at the driver terminals,
or by using the calculated vatue of Q , then:




Q,L’S’=Q‘ES(RG+RK+RE)
Re

Q4 = Qu' % Qs
Qes + Qs

Once you know Q, , you may modify it for any dri-
ver to fit a particular situation, at the cost of effi-
ciency, by:

A. Adding cone mass 1o increase Q,

B. Adding a small series resistor of the same
power rating as the driver to increase Q, 7

C. Stretching porous cloth over the rear of the
driver basket to decrease Q, &°

B. Method 2.

1. Calcutate R by suburacting the voice coil resis-
tance R, from the measured magnitude of the
resonance peak (R} at f found in Section 8.31
using the impedance measurement test proce-

dure:?

eve 1N Ohms

R,=R-R

2. Calculate Q,  by:

Res
BL2Cprs|6.283f,]

where BL is given in tesla meters and C__is given
in meters/newton.

3. Calculate Q) by:

Reve
BLZC g[6.283,]

Q,ts=

where BL is given in tesla meters and C
m meters/newton.

ms 15 given

4. Q,, Is given by:

le=Qmstcs
Onms + Qs

There are three other readily available methods for
measuring ¢) parameters, which utilize either com-
puter test equipment or CAE loudspeaker software.
A. The Audio Precision Systern 1 has an auto-
mated (3 measurement program'? which will mea-
sure the complete parameter set and print it out
in about 15 seconds. This methodl is essentially a
computer controlled version of the Thiele method
using the delta compliance method to determine
V.. The analyzer uses the same procedure, but at
reasonably low voltages with highly accurate meter
recording capability. The Systein 1 locates {, by
finding the zero phase point, which is usually
accurate, but not always in all circumsiances for
all drivers. This is an excellent piece of equipment
for quality controlling large quantities of drivers.

B. The DRA Labs MLSSA FIT analyzer can take
a free air and delta mass or delta compliance
impedance, do a scar-fit of the curve and oulput all
the mechanical parameters. The speed is depen-
dent on the host computer speed, but is somewhat
slower than the System 1. The curve-{itting routine
is more accurate than the Thiele method, and cur-
jputs all the essential driver mechanical parameters.

C. The LinearX LEAP software can import free
air and dlelta inass or delta compliance impedance
curves fromn the Aundio Precision System 1, DRA
MLSSA, Ariel 5YSid, CLIO, Goldline TEF 20, and
the LinearX LMS analyzers to an automated curve-
fitting routine. The routine is the most elaborate
and precise of the group and the results include
not only the mechanical parameters, but data on
the frequency dependent resistance and inductance
of the upper impedance rise.

D. The LinearX LMS with the Windows 95/98
software release has an advanced parameter optl-
mizer that uses the new and more complete driver
model described in Chapter 0. This is the same
T/S routine that is being used in the Windows ver-
sion of LEAP (not available at the tiine this was
published}. This type of T/S calculator uses a
curve-fitting algorithm in conjunction with the
LEAP driver model o produce the T/S parameter
set and is very accurate.

E. The last automated measurement device [
want o mention is the one developed by David
Clark, called DUMAX!!. Dumax is a highly special-
ized device and uses a very unique and accurate
methodology to derive woofer motor parameters.
Mr. Clark has used the results from testing with
Duinax on nuimerous occasions in woofer reviews
he has done in both Car Audio and Electronics and
Car Stereo Review magazines.

Basically, the device proceeds from the premise
that parameters change dynamically as the voice
coil moves through its forward and rearward range
of travel. Looking at the BL curves in Chapter 0
certainly emphasizes what the problem is that the
Dumax machine atternpts to deal with. The device
is fairly large and uses pnewmnatic actuators 1o
move the driver through its entire range of motion
thereby calculating the compliance and motor
strength changes with different positions.
Explaining the details of this machine are beyond

Graph 4

Acoutlic On Axrs Heaponse: SPL. Phas

16 Feaquency &0 160 e 100 T3

A (S i S S

——:Ground-plane Measuremen|

e tAnechoalc Measuremeni

———:Hali-8pace Maasuremeani

LOUDSPEAKER
TESTING

FIGURE 8.16: Three re-
SpoONse measurements,

205




LOUDSPEAKER
DESIGN
COCKBCCK

FIGURE 8.17: Cumulalive
speciral decay plot.

FIGURE 8.18: Wigner
distribution.

FIGURE 8.19: Energy-time
curve—dB (haif-Hann
window).
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the scope of this book, but it currently repre-
sents the state-of-the-art in dynamic parameter
measurement.

8.81 FREQUENCY RESPONSE
MEASUREMENT TECHNIQUES.

A, Full Bandwidth Measurements
We bave three techniques for making full range,
10Hz-40kHz response measurements on loud-
speakers. Each method depends upon the radia-
tion domain of the setup. These are anechoic
(also called free field, fullspace, or 4w}, half-
space {2n), and ground-plane.

Anechoic measurements are made without
any reflecting boundaries surrcunding the
device under test. This means nothing will
reflect the sound for a full 360° in all direc-
tions, hence the term full-space or 4m. This type
of measurement can only be made in either a
special sound absorbing room, an anechoic
chainber, such as the anechoic chamber at the
National Research Gouncil in Canada, or with
the speaker suspended high off the ground in
open air. Anechoic measurements can also be
simulated by electronically gating the received
signal from the DUT and ignoring reflections
from nearby boundaries. This kind of test can
be performed by FFT analyzers and gated sinc
wave devices. The only drawback, however, 1s
that the shorter the gate time interval, the high-
er the cuwff frequency of the measurement.
Getting good low end data down to 20Hz
means having ne reflecting boundaries for at

least 28 feet. This law of nature dictates that
anechoic measurements using gated test instru-
ments must still have a nearly free-field envi-
ronment in order to get accurate data down to
20Hz. [t is possible to meet such conditions
indoors by making the measurements in a large
warehouse area with the speakers suspended in
mid-air. Getting data down to 10Hz would
require no boundaries for 56 feet.

Wideband anechoic measurements are only
possible in a limited number of locations,
although wideband measurements produced by
splicing two different domains are relatively casy.
I routinely use a short 6-7' measuring tower for
gated imeasurements using the LinearX LMS ana-
lyzer. With the measurement microphone placed
Im from the DUT and at a 75-95" height above
the ground, reflection-free semi-anechoic mea-
surements can be made down to 200-300Hz.
These measurements can then be spliced o a
10Hz-500Hz groundplane measurement, also
anechoic in nature, to produce full range
10Hz-40kHz anechoic measurements. The
“splice” operation can occur anywhere between
200-400Hz and good results achieved. It is also
possible to use nearfield measurements for the
low-frequency part of the spliced measurement,
but because of the change in radiation resistance,
it is not practicat (o splice nearfield curves above
about 100Hz.

Halfspace measurements, illustrated in Fig.
815, have some of the same boundary limita-
tions of anechoic measurements, and must be
made in open air. The DUT is mounted flush to
a planar surface, usually in a pit with the baffle
level with the ground surface and the driver
ained at the sky. The driver is radiating into a
180° hemispheric field, hence the name half-
space or 2n. Half-space measurements can be
easily used for full bandwidth measurements
from 10Hz-40kHz. Since the sky is an unlimited
vertical boundary, the only limitation is the dis-
tance of the test position from any ground level
boundaries, which should be at least 30 feet.

The third measurement domain is referred
to as a ground-plane, illustrated in Fig. 8 15.
Ground-plane measurements are set up by
placing the DUT on a hard flat reflective sur-
face, sucl as a cement or asphalt parking lot,
with the microphone placed on the ground.'?
The measurement being made includes the
sonic mirror image of the speaker, which is
why the microphone is ptaced on the grounc
at the apex of the direct signal and its reflect-
ed sound image. Ground-ptane measurements
must also be made in open air, and the near-
est boundary should also be at least 30 feet
from the DUT. Given the typical parking lot
situation, the latter criterion is easy to meet,
making full range measurements by ground-
plane relatively easy. For better results with
floor standing type speakers, the speaker
should be tilted forward as far as possible.
The response measurements made with the
ground-plane method give vesults similar to

-
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those obtained by anechoic measurements.

The response relationship between the three
domains is shown in Fig. 8.16. The key to
explaining the differences between the three
domains is in understanding the nature of the
“step” response. When sound radiates from a
driver cone that has no boundary or baffle, the
radiation is hemispherical up to the frequency
wben driver directivity starts to narrow. If the
driver is mnounted on a baffle, the baffle acts
the same way as a reflecter on a flashlight,
increasing the amount of energy in a given
direction. The step occurs when the wave-
length of the radiated signal decreases (o the
approximate area of the reflecting surface, and
the baffle starts to act as a sound reflector.
When the batfle is made infinitely large, as is
the case with the half-space measurement tech-
nique, the step occurs at all frequencies, hence
the flat response shape in Fig. §.16. The
increase causes a doubling of the sound pres-
sure, or 6dB of gain over the free-field mea-
surement. When the radiating surface is limit-
ed 10 only the enclosure baftle, as in the case
for anechoic and ground-plane measurements,
the step occurs at whatever frequency is deter-
mined by the area of the baffle, as the
response transforms from 4n to 28. In the
LinearX LEAP simulation in Fig. 8 16, the
response step begins on the anechoic measure-
ment at around 75Hz and levels out two
octaves above at about 300z, rising at
3dB/octave. The ground-plane measurement
includes two sound sources, the direct sound
from the DUT and its tmage, so the total gain
compared to the anechoic measurement is
6dB. This is why the icrophone is shown at
2min fig &. 13, since doubling the microphone
distance will decrease the overall sound pres-
sure by 6dB, and make the pressure level
recorded equivalent to that of an anechoic
measurenment at lin. Otherwise, the ground-
plane exhibits the exact sane step response as
the anecheic measurement.

B. Low Frequency Measurements
Within the qualifications stated, all of the
three domains, anechoic, half-space, and
ground-plane, can be used for low-end mea-
surements. Moreover, halfspace measurement
is probably the best of the three for determin-
ing the f; of a Joudspeaker. There is one other
Lechniciue, however, using near-field measure-
ment,'* which can be a quick and painless way
to get low-end frequency data. Near-field mea-
surement is simple and straightforward and is
depicted in Fig. 8 15. The technique is basically
just placing the microphone as close as possi-
ble to the driver, preferably less than 0.25"
above the dust cap of a woofer. Since the prox-
imity to the driver swamps out any voom
reflections and diffraction off the baffle, the
response is similar to a half-space response.
Like the 2n pit measurement, near-field mea-
surements lack the baffle step of anechoic and
ground-plane measurements.

This technique works well for closed-box
woofers, but requires a bit of doctoring for vent-
ed boxes. Since the low-end response of a vented
enclosure is the combination of the woofer and
vent output, the two must be combined. This is
done by taking the two measurements separately.
The vent measuremnent should be taken with the
microphone placed in the center of the vent,
flush with the baffle. Unless you can somehow
isolate the woofer from the vent (iry placing a
soft cushion between the two if possible), the
vent measurement is really only good for fre-
quencies lower than 1.6 times the tuning fre-
quency of the enclosure, due to crosstalk
between the vent and driver. Since the port has
less radiating area than the woofer, and since the
near-field sound pressure is divectly proportional
to the area of the radiating surface, the port out-
put will be disproportionately lower than the dri-
ver and must be adjusted. For instance, if the
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FIGURE 8.20: Relationship of frequency magnilude and phase.

port area were hall that of the woofer, the port
output should be scaled upward hy GdB to inatch
the woofer.

8.82 FREQUENCY RESPONSE
MEASUREMENT EQUIPMENT.
Measurement equipment comes in two forms,
manual and automated.
A. Manual Response Equipinent
Manual measurements can be made with fairly
simple equipment and the curves are generated
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FIGURE 8.21: Piezo acceler-
omeler.

FIGURE 8.22: Test setup for
measuring voice coil lem-
peralure,
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by hand recording the data—point by point.
The procedure is relatively slow, but with care
the results can be nearly as accurate as that cre-
ated by expensive analyzers. The measurement
includes two processes, generating the signal
source, and receiving the signal source.

1. Signal Sources
Several inexpensive signal sources are avail-
able for manual measurements, sine wave,
pink noise, and warble tones (modulated sine
wave). Sine wave oscillators and function gen-
erators ave fairly inexpensive and can be used
to drive the speaker directly, or used to drive
an amplifier connected to the DUT. You can
either trust the calibration on the dial of
an oscillator for the frequency number, or
add a frequency counter to ensure proper cali-
bration.

Pink noise can be used 1o obtain frequency
respopse dara in the same manner as using a
sine wave generator. This type of stimulus is
somewhat immwune to room modes and can be
used indoors with fairly good results, although
the same domain guidelines still tend t apply.
Pink noise is normally generated in ]/r,) w0 Yy
octave bands and lacks the extreme detail
available with sine wave measurement. Filtered
pink noise generators are fairly expensive.
Fortunate-ly, this test signal is readily available
on a numbey of test records and CDs.

Warble Lones are a type of modulated sine
wave and, like pink noise, also tend Lo be
somewhat immune to room modes. Warble
tones are also normally generated in Y- to V)
octave bands, the same as pink noise. Warble
tone generators, however, are not as expensive
(Old Colony Sound Lab has one available in
kit form}, but like pink noise are also availablc
on test records and test CDs. Despile the rela-
tive immunity (o voom response modes, warble
tone measurements will be more accurate if
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carried out under the same domain circum-
stances discussed in Section 8.81.

2. Receiving the Signal
Receiving the signal for manual frequency
response measurement recording can be as sim-
ple as using a sound level meter to ascertain the
level. Inexpensive meters are not likely (o have a
totally flat response. If it is possible, have the
meter calibrated against some reasonably reliable
source, then use the calibration curve to correct
the readings. An alternative is to use a micro-
phone connected directly 10 a voltmeter calibrat-
ed in dB. This will be only a relative neasure-
ment and not representative of actual SPL, but is
adequate for many design situations (such as
crossover design work). As with the SLM, cali-
brating against a known reliable response mea-
suring instrument is suggested.

B. Automated Response Measuring Equipment
The chart recorder, such as instruments once
wade by Bruel and Kjaer and Neunik, are pretey
much a thing of the past. Virtually all audio ana-
lyzers intended for acoustic measurements are
either computer based or computer interfaced.
These fall into two primary categories, step sine
wave and FFT type analyzers. Some analyzers will
do ane or the other ype of analysis methodolo-
gy, somne do both.

Examples of computer based analyzers that
can perform stepped (swept) sine wave analysis
are:

1. Audiomatica CLIOY, CLIO Lite!®

2. Audio Precision Systemn One and Two!®
3. Liberty Instruments LAUD!

4. LinearX LMS!'®

For FFT analysis using some type of noise stimu-
lus, such as MLS, examples are:

1. Audiomatica CLIO

2. Audio Precision System One and Two with
DSP option

3. Ariel SYSid!"

4 Goldline TEF 202

5. Liberty Instruiments LAUD?

6. DRA Labs MLSSAZ2

Fach measurement tyr. has ils own advantages
and all of these instruments can generate files that
can be imported into CAD design prograims such
as LEAP, LSP CAD, Scund Easy, or Speak. The
analog stepped sine wave Lypes such as the AP
System One or the LinearX LMS analyzer pro-
duce log scale sweeps with an cqual number of
points for each decade (3.2 octaves) of measure-
ment. Stepped sine wave analyzers can be either
ungated or gated. Ungated types are good for ane-
choic chambers, groundplane, and half:space mea-
suring dormains, but cannet remove nearby reflec
tions. Gared type sine wave analyzers, like the
LinearXX LMS, use the computer CPU timing to
selectively eliminate unwanted reflections produc
ing the smme “semi” anechoic result as applying a
“wincow” to an FET impulse waveforin.

o




FFT (fast Fourier transforin) anatyzers use vari-
ous noise stimulus types to produce a time
impulse. This includes the standard noise
impulse?® (pink and white noise), the chirp (FM
modulated sine wave) and MLS?* (maximun
length sequence). The FFT measurement se-
quence begins when the speaker is excited by the
stimulus, the microphone receives the waveform
and the resulting impulse is registered by the ana-
Iyzer. The impulse, which is tine domain data, is
then windewed {gated) mathematically and an
FFT applied to produce a [requency response
curve (again rememher that time and frequency
are inversely related to each other—t = 1/fand f=
1/t). The data points are recorded on a linear
scale as opposed to a log scale as with stepped
sine wave measurement. This tends (o provide a
great deal of detail at upper frequencies with
very sparse detail at tower frequencies, at least at
the current state-of-the-art. The most interesting
advantage of any of the FI'T analyzers is the abili-
ty to do time-domain measurement that allows
the wser to look at the energy spectrum and
observe time decay. Examples of time domain
type plots are given in Fig. §.17, a cumwulative
spectral decay plot® of a magnitude response,
Fig. 818, a Wigner Distribution,?*7 and Fig
819, an ETC? (Energy-Time Curve), all created
using the DRA Labs MLSSA analyzer.

Both types of analyzers have their strengths
and weaknesses. In my own work as a consultant
designing products for a variety of home and
car audio loudspeaker manufacturers, [ prefer
the gated sine wave instruments for foudspeaker
system developnient, although both types will
work for this. However, I do believe that Jog
based analysis is the best method for system
design—measuring drivers and decsigning
crossovers. For transducer development, it is very
hard to heat FET analyzers. Their unique ability
to look into time and view the nature of resonant
decay is highly valuable when making decisions
in the design of cone and dome drivers, as well
as hracing and damping in enclosures.

8.83 MEASURING PHASE.

There are no manualt methods for measuring
phase. Phase measurements require a dedicated
phase meter, one of the dual-channel analyzers
described in Section §.81, or a computer pro-
grant capable of accurately deviving phase trom
2 magnitude response measurement (LinearX’s
LEAT and LMS are the only programs capable
of accurately deing this at the ume of publica-
tlon). Phase is, however, generally not wetl
understood, and the following explanation may
be helpful.

Phase of any magnilude waveform js a func-
tion of the slope of the waveform. If there is no
maore phase shifi than that dictated by the slope
changes in the magnitude, the device is said to
be “minimum phase.” As a general rule, loud-
speakers are minimum phase devices, so phase
can indeed be derived from the slope of the
waveform magnitude. This is true for a loud-

speaker impedance curve and for the frequency
magnitude curve. Figure 8.20 illustrates the
relationship between magnitude and phase.
When the slope of the magnitude curve is flat
and horizontal, the phase angle is zero clegrees.
When the slope is positive, phase is positive, but
will return 1o the zero crossing by the time it
reaches the [Nat area. Likewise, when the magni-
tude slope is negative, the phase angle is nega-
tive, but will return again to zevo phase angle as
the magnitude curve approaches another flat
area. [“A Digital Phase Meter™ by R, Luccassen
with full construction details appeared in Elektor
Blectronics USA, June 1991, p. 32.—Ed]

8.84 MEASUREMENT MICROPHONES.

In order for any instrument to perform accurate
frequency response measurements, the {ivst pri-
ority is a microphone with a reliably flat fre-
quency response. The following is a list of
devices, descending in price, which are accept-
able as  measurement microphones.
Microphones from ACO, B&E, Larson Davis,
Rion Industries and the M-35 from Earthworks
all cost in excess of $1000 to $4000 for a com-
plete mike capsule, preamp body and power
supply. The remaining microphones are priced
al $£00 o $1000, but have more than sufficient
precision to do quality design work.

Precision Microphone Listing
1. ACO Pacific 70192
2. Bruel & Kjaer Falcon Series, Models
4189,/90,/91 Y free-field™
3. Earthworks M-55 14”30
4. Earthworks M-30 14"
5. Josephson Engineering C550H™
6. Larson Davis Mode) 2540 13!
7. Larson Davis Modlel 2520 14"
8 Linearx M-31 "
9. LineawrX M-5] 1%”
10. LinearX M-52 %"
11 Mitey Mike 11 14732
12. Neutrik 3582 1"
13. Neuurik 3384 14"
14. Rion Industries Model UC-31%

In the groups, two microphoues stand out as
particularly good “buys.” In the (irst group of
professional precision microphones, the ACO
Pacific represents an excellent value. It per-
forms well in comparison to other precision
microphones and is priced well under the com-
petition. Among the group of less expensive
microphones, the Mitey Mike designed by Joc
[’'Appolito and sold by Old Colony Sound Lab
is as good as it gets [or the price.

8.85 MECHANICAL YIBRATION
ENCLOSURE MEASUREMENTS.
Measuring the vibration in the walls of loud-
speaker enclosures is generally done with wrans-
ducers known as accelerometers. Calibrated
acceleroneters are generally expensive devices
costing $200-3500 or more. Accelerometers arc

LOUDSPEAKER
TESTING

209




LOUDSPEAKER

210

DESIGN
COOKBOOK

usually made with piezo-ceramic elements,
mounted so they directly couple the element to
the mechanical vibration of the object they are
attached to. Measurements are made with the
accelerometer attached to the enclosure wall,
and a sine wave or impulse type stimulus applied
to the DUT. The cutput is directed to either a
recording device or a voltmeter. The output
from multiple accelerometer readings can be
combined with model analysis software to create
a dynamic model of the cabinet structure

There are a few less expensive alternatives,
however. One is a PVDYF accelerometer
{(Polyvinylidene) which is low cost (about $35)
and has less resonance problems than the more
expensive types (due to the nature of the PVDF
material).?®

Although not calibrated in decibels like more
expensive units, the device is capable of naking
relative measurements to determine the effective-
ness of bracing and wall damping materials. The
unit can be used with a simple sine wave oscillator
and a volumeter, or connected to any of the auto-
mated type analyzers described in Section 8.82.

An even more inexpensive acceleromeler can
be fabricated for about $15 in parts. The device,
illustrated in the photograph in Fig. 8.21, uses a
piezo-ceramic element from a Motorola piezo-
electric tweeter.30 Disassemble the tweeter, and
unsolder the element leads from the tweeter ter-
minals. Separate the pieze element, which is a
flat disk about the size of a nickel, from its paper
cone. Next, cut a 0.75” length piece of %” wood
dowel and bond the dowel to the flat center of
the piezo element with epoxy. When dry, the
“poorman’s” acceleroineter can be attached to
the enclosure wall with hot candle wax,
beeswax, or temnporarily glued to the enclosure
with while glue (assuming an unfinished enclo-
sure, of course) and used in the same manner as
the PVDYE accelerometer. The drive level from
both types of accelercmeters is quite low and
may require additional amplification (20dB).

8.86 MEASURING VOICE COIL
TEMPERATURE OVER TIME.

As noted in previous chapters, the dynainic per-
formance of a loudspeaker is greatly affected by
changes in voice coil teinperature, which in tum
cause large-scale increases in voice coil resistance.
Fluctuating changes in voice coil resistance not
only alter the low frequency performance and
damping of a drives, but have a generally deleteri-
ous effect on the functioning of crossover circuits
which are designed around nominal operating
resistance. Ferrofluidics Corporation, whose
products address the problem of dissipating voice
coil heat, has created an indirect test to detennine
exact changes in temperature as a voice coil
begins to heat. The test setup for this procedure is
shown in Fig. 8.22.

The signal source can either be discrete
sinewave or band-limited pink nojse. Band-limited
pink noise is preferred and is usually the type of
stimulus that driver manufacturers use when

power testing a speaker. If you choose to use a
sinewave, the frequency should be just above the
driver resonance, located in the vicinity of the
impedance minimum of the driver. For pink
noise, a variable frequency electronic high pass
crossover can be used to “band limit” the pink
noise signal. The high pass should generally be
located about cone octave above the driver reso-
nance frequency, which for woofers would be
about 100Hz, perhaps 200Hz for midrange dui-
vers, and in the vicinity of 2kHz for tweeters.

Output voltage for the signal source (set using
volimeter 1) will vary depending on the suspected
power handling of the driver under test. For
woofers, somewhere between 10V to 20V is
appropriate, 20V being reserved for larger voice
coils that are specified as being high power han-
dling. For tweeters and small voice coil midrange
speakers, 6-7V is practical. Empirically, you will
knew if the voltage is too high when the driver
voice coil burns out!

This test 1s accomplished by measuring the volt-
age across the capacitor at voltmeter 2, and substi-
Luting the value in this equation:

Ty=1{ V-V(Te) x V(T -1]+Tg

aVe-V(T)) V(Ty)

Where:

a = thermal coefficient of resistance for the voice
coil wire. For copper wire use 0.00385; for alu-
mintm wire use 0.00401.

Tq = the nominal initial voice coil temperature
{normally use 25°C as the ambient temperawre).

T, = the elevated weinperature being measured.

V(Ty) = wvoltage measured al voltmeter 2 at the
beginning of the test (ambient voltage).

V(T,) = voltage measured at voluneter 2 during
the procedure (normally is accomplished at speci-
fied time intervals such as 10 minutes, 30 min-
utes, 60 nunutes, etc.).

The procedure is basically simple. The voliage is
measured across voltmeter 2 at the beginning of
the test, and the value substituted into the tem-
perature equation o calculate a starting value for
T,. At specific tine intervals, the voltage across
volimeter 2 is again taken and the value substitut-
ed into the temperature equation. When all suc-
cessive measurements are complete, a graph can
be created with a temperature scale for the verti-
cal axis and a lime scale for the horizontal axis
which shows the emperature rise with time for
the driver being tested. This west could easily be
usedl, for example, to calculate the difference in
driver protection afforded by differem crossover
frequencies and slopes for a given driver.




8.90 USEFUL CONVERSION FACTORS.

Linear Measurement

| mm = 0.03937"
lem = 0.3937"
1l m = 39.37*
lm = 3.2808
1 = 25.4mm
1 = 2.54cm

Square Measurement [area)
lem? = 0.155 in’

1in? = 6.452cm’
12 = 929.0341 cm’
1 m? = 10.76307 {

Volume Measurement

Ilmm? = 6.1 x 107 in?
1 liter = 0.0353 ¢’
1f8 = 28317 liters’
16 = 0.0283] m’
12 = 1728 in’
Im® = 353141t
Mathematic Conventions

(X7 = 1

X
(X]”Z - \&
REFERENCES

1. N. Crowhurst, “Audio Measurements Course, Part
15," Asedio, August 1976.

2. V. Dickason, “Industry News and Developments—
LinearX VI Box,” Voice Coil, Volume 10, Issue 7, May
1997.

3. V. Dickason, "How to Plot and Undersiand
Complex Impedance,” Speaker Builder 2/88, . 13.

4. LEAP {Loudspeaker Enclosure Analysis Program),
Version 3.1, Operating Manual, by LinearX Systems.

5. R. Small, “Direct Radiator Loudspeaker System
Analysis,” JAES, June 1972

6. ]. N. White, “Loudspeaker Athletics,” fAES,
November 1979.

7. H. ]. }. Hoge, “Switched on Bass,” Audio, August
1976.

8. R. Small, “Vented-Bex Loudspeaker Systeins,” JAES,
June-Oct. 1973.

9. J. Graver. "Acoustic Resistance Damping [o1
Loudspcukers,” Audio, March 1965.

10. R. C. Cabot, “Automated Measurcment ol
Loudspeaker Small Sigual Paramercis,” 81st AES
Convention, preprint na. 2402,

11. D. Clark, “Precision Measurement ol Loudspeaker
Paramecters,” JAES Volume 45, No. 3, March 1997,

12, M. R. Gander, “Ground-Plane Acoustic Measure-
ment of Loudspeaker Systemns,” JAES, October 1982

13. D. B. Keele, Jr., "Low-Frequency Loudspeaker
Assessment by Nearlield Sound Pressure Measurement,”
JAES, Junc 1989.

14. ). C. Gaciner, “CLIO Yest System,” Speaker Buwlder,
Volume 16, Number 5, July 1995,

15. D. Picice, “Product Review: CLIGCLe,” Speaker

Builder, Volume 19, Number 3, May 1998,

16. V. Dickason, “New Sofiware,” Voice Coil, Volume
12, Tssue 4, February 1596.

17. V. Dickason, “Liberty Instruments Releases,” Vaice
Coil, Volume 11, Tssue 10, August 1998.

18, V. Dickason, “New Update for LMS," Voice Coll,
Volume 6, Number 4, February 1993.

19. V. Dickason, “SYSid Analyzer Update,” Voice Coil,
Volume L1, Issue 7, May 1998.

20. V. Dickason, “Windows for TEF 20," Veice Coil,
Volume 11, Issue 8, June 1998.

2]. V. Dickason, “Liberty Audiosuite Version 2.2,7
Voice Cotl, Volume 10, Issue 10, August 1997,

22. V. Dickason, “Acoustic Analyzer News,” Vowe Coil,
Volume L1, Issue 3, January 1998.

23. L. R. Fincham, “Refinements in the Impulse
Testing of Loudspeakers,” JAES, March 1985.

24, Rife and Vanderkooy, “Translev-Function
Measurement with Maximum-Length Sequences,” JAES,
June 1989.

25. Lipshitz, Scou, and Vanderkooy, “Increasing the
Audio Measurement Capability of FFT Analyzers by
Microcamputer Posiprocessing,” JAES, September 1985.

26, Janse and Kaizer, “Time-Frequency Distributions
of Loudspeakers: The Application of the Wigner
Distribution,” JAES, April 1983.

27. Verschuur, Kaizer, Druyvesteyn, and de Vries,
“Wigner Distribution of Loudspeaker Responses in «
Living Room,” JAES, April 1988.

28. Vanderkooy and Lipshitz, “Uses and Abuses of the
Energy-Time Curve,” JAES, November 1990,

29. Voice Coil, May 1989,

30. R. Honeycuur, “Test Microphone,” Voice Coil,
Valume 11, Issue b, March 1998.

%1, Voice Coil, June 1990.

32. D. Queen, “Product Review: Mitey Mike I1,"
Speaker Buiider, Volume 20, Number 5, Angust 1999.

33, Voice Coil, November 1689,

34. Hollinan, Matthiessen, and Veirgang, "Measure-
ment of Operating Modes on a Loudspeaker Cabinet,”
presented at the 87th AES Convention, preprint no.
2848.

35. Voice Coil, February 1991.

38, Patent pending by Cenesis Technology Inc.

LOUDSPEAKER
TESTING

21




o WEHEE B S

at




CHAPTER NINE

CAD SOFTWARE FOR
LOUDSPEAKER DESIGN
AND LOUDSPEAKER
ROOM INTERFACING

When I first started updating revisions for this book,
computer software for loudspeaker design was only
just becoming widely available. Since that time, nu-
merous products have been introduced to this highly
specialized market. The list of loudspeaker software
is now quite extensive, and not only are there more
programs, but programs with more sophisticated
modeling and better quality programming. Along
with substantial advances in loudspeaker engineer-
ing software for box and crossover design, a number
of programs have also been introduced for making
your speaker work better in the room it was designed
for. Swudies by Dr. Floyd Toole and his associates at
Harman International and others have shown that
room placement and the various other acoustic as-
pects of a room drastically alfect the sound quality
of aloudspeaker. These cffects are so strong that the
differences in room placement cause grealer percep-
wal differences in loudspeaker sound quality than
the sometimes large differences betveen entirely dif-
ferent speakers'?. The engineers at Harman Inter-
national (JBL, Infinity, Harman Kardon}, under Dr.
Toole's direction, knowing how critically important
room placement is 1o speaker evaluation (yes, all
those years you spenl listening to rows of loudspeak-
ers in hi-fi store showrooms trying to “pick” the best
sounding speaker was mostly a waste of time), built
a rather complicated and expensive machine that
physically moves speakers rapidiy into and out of the
exact same listening position so that meaninglul A/
B listening can be done®. For this reason, this chap-
ter now contains three sections, one for loudspeaker
design software, and two new sections, one for room
design software and another for room measurement
software that is designed to be used with computer
sound cards. Please note the prices quoted on these
products were current as of July 2005, The following
is an alphabetical listing of what is currently available
at the time this revision was produced.

9.1 LOUDSPEAKER DESIGN SOFTWARE.

Active Filler Workshop—by Frank Ostrander. AI'W is a
Windows based suite of active filter-design ulilities.
This includes different circuit topographies like Sal-
len-Key filters, State-Variable, shelving, parametric
EQ, and all-pass delay filters. This software is avail-
able from Old Colony Sownd Laboratory (PO Box
876, Peterborough, NH 03458, 603-924-9464, Fax 603-
924-9467, cusiserv@audioXpress.com) and is priced
at $79.95.

Mr. Pablapa

AkAbak v. 2.1—by Jorg W. Panzer. This Windows
based software is one of the more sophisticated
modelers on the market and has an open architec-
ture that allows the user to experiment with a wide
variety of box configurations, previously used de-
signs as well as ideas not yet tried®. In its fifth year,
the currentversion is 2.1%%. This program does both
enclosure and network design and uses a comhina-
tion of menus and scripts to describe the task being
undertaken. Features include the ability to simulate
both passive and active networks (inodels both wan-
ststors and op ainps), produces directivity output as
a polar or Cartesian diagram, performs non-linear
analysis of voice coil resistance change due to heat-
ing and compliance nen-linearity, describes driver
mounting locations in an XYZ axis for predicting
offaxis performance, as well as modeling loud-
speaker cabinet diffraction. In the hands of a pro-
fessional engineer, this is very powerful software.
However, for the new and uninitiated it’s probably
a bit intimidating. Current price for AkAbak, dis-
tributed in the U.S. by Bang-Campbell Associates,
is $700. For more, visit the website at hup://users.
ren.con/rheamp/akinfo.hom.

Bass Box 6 Pro--by Harris Technologies. Various ver-
sions of Bass Box have been around since the mid
"90s and is now in its v. 6.0 Win®5/98/NT 32-bit for-
mat™*?, This has always been a great low-cost box
design program for loudspeaker enthusiasts. The
new 32-bit Bass Box 6 Pro version includes the usual
box design features {rom the previous version, but
also contains sinulation of vent pipe resonances,
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the ability to add the effects of passive and active
networks to all box-design types (such as series in-
ductance added to bandpass enclosures to attenu-
ate port anomalies or second-order high-pass active
flters to boost the low-end of vented enclosures),
and diffraction modleling on some cabinet types.
Included is a 1000-driver database with search and
edit facilities. For more infermation, you can visit
the Harris Technologies website at www.ht-audio.
com. The program is priced at $129 and is available
from Old Colony Sound Laboratory.

Bass Horn Design—by A. L. Senson. This is basicalty
a tractrix horn design DOS type program that cal-
culates dimensions for a catenoid, exponential or
hyperbolic bass horn and prints cut in less than a
minute. Not only does it provide a horn’s general
data, such as mouth and throat areas and back-
chamnber volume, but it will also give you the di-
mensions to design your enclosure. Bass Horn De-
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sign is priced at $19.95 and is available from Olg
Colony Sound Laboratory.

CALSOD w. 3.10 Professional—by AudioSoft. CAL.
SOD (Computer Aided Loudspeaker Design) ™ was
written by Australian engineer Witold Waldman
and was originally described in the JAES September
1988 article titled “Simulation and Optimization of
Muluway Loudspeaker Systems Using a Personal
Computer” written by the program’s author. This
is a DOS based full-featured loudspeaker simula-
tion prograin that does hoth enclosure simulations
{sealed, vented, vented and sealed bandpass, pas-
sive radiator and assisted vented enclosures) and
crossover oplimizadon. CALSOD can work from
manually modeled data or will import SPL and im-
pedance data from AP System 1 or 2, DRA MLSSA,
IMP, active as well as passive filters, impedance op-
timization for conjugate networks, optimizing T/8
parameter calculator, simulation of room gain, SPL
optimization of up to five points on and off-axis,
and XYZ specification of driver location. Price of
the full version 3.10 is $269 frem Old Colony Sound
Laboratory. Also available from Qld Colony is an ab-
breviated version, CALSOD v. 1.4, priced at $69.95
{will not import analyzer fles).

Easy Loudspeaker Design Software Suite—by Marc Ba-
con. This sofeware trilogy consists of three separate
Win95 based programs, Fasy Speak, EasyRoom
and EasyTest, all written for the popular Micro-
soft Excel spreadsheet software (notincluded with
the program). EasySpeak performs both box de-
sign and crossover calculations (crossover caleula-
tions are based on resistive termination formulas).
EasyRoom predicts the acoustic behavior of your
listening roon and gives information for devel-
oping absorbers and diffusers to help correct un-
wanted behavior. EasyTest follows Joe D’Appolito’s
book, Testing Loudspeakers, to assist in performing
various loudspeaker test procedures described in
M D’Appolito’s book. Priced at $129.95, the soft-
ware can be purchased from Old Colony Sound
Laboratory.

FillerShop 3—by LinearX.. FilterShop'"" provides the
user a substantial collection of features and capabil-
ities that enable exuemely complex hlter designs to
be constructed with high accuracy and relative ease
and speed. A full AC circuit simulator is included
with advanced components specialized for filter de-
sign work and not generally found in SPICE type
simulators. FilterShop provides a highly integrated
targel generation system that is capable of model-
ing virtually any type of analog or digital filier type.
The prograin can optimize analog 1-16th-order
filters (Butterworth, Chebychev, Bessel, Legendre,
linear phase, transitional 6dB, transitional 12dB,
transitional 3dB, synchronous, Gaussian, MCP But-
terworth and MCP Chebychev all available as either
low-pass, high-pass, all-pass, bandpass, or bandreject
transformations) and perforin digital filter synthe-
sis for FIR and IIR filter types. FilterShop features
over 500 predelined circuit templates with which to
build filter designs (analog active, analog passive,
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and digital filters) once a target is establishecl. This
includes such formats as RLC/RDC ladder filters,
and switch capacitor filter design. FilterShop also
has an extensive circuit editing facility that allows
the user to quickly create any new or unusual ype
of filter topography, passive or active analog, or dig-
ital. Although not the real intended purpose of this
powerful software package, you can even design and
optimize passive loudspeaker crossovers with Filter-
Shop. The recommended computer requirements
for FilterShop are Windows NT4 or Windows 2000,
200MB hard drive space, 64MB of RAM, Pentium
I 850 or faster, 1024 x 768 video resolution, and
Adobe Type Manager. Priced at $1445 and available
from LinearX divect (visit the LinearX website at
wwirlinearx.com).

Filter Workshop—by Frank Ostrander. This program
combines a useful set of passive network design tools
with an instructional resource for network design.
Calcutations include design of attenuation networks
(L-pads), high- and low-pass filters, shelving networks
(both high- and low-pass), band-reject filters, induc-
tor winding specifications (core diameter, gauge,
turns, etc.} and impedance correction (conjugate)
networks. Although filter values are determined us-
ing resistive termination as opposed to complex driv-
er SPL and impedance load functions, this is stll a
very useful piece of Windows based software. Priced
at §79.95, the sofiware is available from Old Colony
Sound Laboratory (www. audioXpress.com).

FINEBox v. 2.2—by Loudsoft. FINEBox v. 2.0"15
is a nonlimear dynamic box design program. FINE-
Box is able to simulate interPort, bandpass, bass re-
flex, and sealed box formats while modeling com-
pression and temperature of the motor and voice
coil. Using a very intuitive interface, the user can
overview the high power performance of a proj-
ect and quickly optimize the box design including
ports. Feawres include a 3D Display with “Glass”
layer Time Response selection capability, a real-time
“Volume Controt” slider input for Vrms, Wrms ver-
sus dlistance, the ability to import all nonlinear T/S
parameters and thermal data from FINEMotor, cal-
culation of dynamic excursion, vent speed, imped-
ance responses, calculation of power compression
at any power level and time, an advanced thermal
model that predicts heating of voice cotl and motor
plus the ability to view cone displacement, reflex,
and interPort speeds at any power level. Priced at
$900 and available worldwide from a vaviety of re-
sellers. Visit the Loudsoft website for details at www.
toudsoft.com.

FINECone v. 2.0—by Loudsoft. FINECone'" is an
acoustic finite element dome/cone simulation pro-
gram, This software can rapidly calculate the fre-
quency response for a new cone or dome profile or
analyze problems with an existing driver, Features
include automatic airload calculation, the ability to
import FINEMotor parameter files, a frequency re-
sponse overplot, a library of DXF (AutoCAD) and
FINECone cone and dome models, plus the abil-
ity to export response curves in .ixt format. Priced

at $3600 and available worldwide from a variety of
resellers. Visit the Loudsoft website for details at

www.loudsoft.com.
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LOUDS%@@ES FINEMotor v. 3.0—by Loudsoft. FINEMotor'®" is  cone/dome part specifications. Features include

COOKBOOK a magnetic system and voice coil design program selection of round or edge wound copper, alumj.
that mll simulate driver SPL and T/S parameters num and CCAW voice coil wire, the ability to use
including Xmax and wire diameter from a list of dual voice coils wired in parallel, automatic Qmg

and Rms calculation, simulation of motor shield-
ing, automatic magnetic compensation of air gap
for different wire sizes or the number of wire lay-
ers, and the ability to specify ferrite, neodymiun, or
user-specified magnetic materials. Priced at §180¢
and available worldwide (rom a variety of resell.
ers. Visit the Loudsoft website for details at wway,
loudsolt.com.

LEAP

CROSSOVER

SHOP FINEX-over v. 3.0—by Loudsoft. FINEX-over® is a

fullfeatured crossover optimization program with
some unique features. The two best features are the
automatic mininum impedance limit that can be set
by the user in the optimizer control menu, and the
ability 1o iterate a component value in the network
schematic using a mouse wheel (o scroll through
SR b e various component values while the individual driv-
SARErEEiE ) erresponse and the summation response change in
real-ime. Other feawres inclnde automatic power
calculaton of each network component, an import
routine for LMS, MLSSA, Praxis, SoundCheck and
other analyzers, variable targets and newwork slopes,
the ability to use asymmetric LP and HP filters
slopes and combine them with different acoustic
slopes, plus step response and time/distance com-
pensation. Priced at $300 and available worldwide
from a variety of reseliers. Visit the Loudsoft website
. for details at www.loudsoft.com.

LEAP
CROSSOVER
SHOP

LEAP 5.0—by LinearX. LEAP v. 50333313528 ay
industry standard for professionals and amateur
designers alike in its DOS 4.0 version (originally
released in 1985}, has undergone an enormous
vansformation in the Windows version released in
2002/2003. The new sofiware is now divided into
. Lo : | two separate programs, LEAP CrossoverShop and
3 T S Lk LEAP EnclosureShop. Both programs operate in
LEAP || - ] : XP, Win 9X, ME or Win2000.
ENCLOSURE . ; ' CrossoverShop will optimize loudspeaker passive
SHOP networks, analog active networks, and FIR and 1IR
digital network designs, do mixed domain design
(analeg and digital simultaneously), optimize SPL,
group delay or impedance, has a graphical schemat-
e ic type component entry, a fully automated cross-
over design wizard, plus thermal/MonteCarlo/sen-
sitivity circuit analysis. Graphic output inclndes the
schematic diagram (analog active or passive and
digital), SPL, voltage (network wansfer Function),
impedance, group delay, nansient (voliage vs.
time), polar plots (horizental and vertical), and ra-
tio. CrossoverShop comes with a 462-page manual
and a 74-page applications manual.
EnclosureShop has an incredible diffraction anal-
ysis engine that is like having an anechoic chamber
in your computer plus a new 53 parameter trans-
ducer model that does accurate large signal non-
linear analysis. Other features include arbitravy
structural enclosure analysis, far field, nearfield,
and pressure analysis, 360° horizontal and vertical
polar plot simulation, both finite and infinite vol-
ume domains (you can easily simulate small rooms
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or automaobile environments), a nonlinear acoustic
network simulator, Quick Design and Reverse de-
sign speaker tools, will perform analysis in full, half,
quarter, or eighth space measurement domains,
plus OpenGL 3D graphics (EnclosureShop was
used extensively in the 7" Edition of this book). En-
closureShop comes with a 576-page manual and a
178-page applications manual.

Both CrossoverShop and EnclosureShop have the
same extensive set of processing tools. This includes
unitary math operations (magnitude offset, phase
offsel, delay offset, exponentation, curve smooth-
ing, frequency translation, multiply by jo, divide
by jw, convert to real, convert to imaginary, rectan-
gular to polar, polar to rectangular and analytic),
binary math operations (multiply, divide, add, and
subtract curves), minimum phase transform, group
delay transform, delay phase transforin, forward
Fouwrier transform (convert an impulse response
to a frequency response), inverse Fourjer trans-
fer (converts a frequency response to an impulse
response), tail correction (necessary for getung
accurate phase from the minimum phase utitity),
curve averaging (allows you to compule averages
in four different ways for any group of responses},
polar converter, data transfer (for producing SPL/
Z graphs), data splice (for inaking full range mea-
surements from nearfield or groundplane spliced
to gated upper frequency measurements), and data
realign (this expands or decreases a data enury fre-
guency range).

LEAP 5.0 uses a USB key and recommended sys-
tem requirements incJude Win2K or XP, 300MB
hard drive space, 256MB RAM, a Pentum 111 1GHz
or better, 1024 x 768 24/32 color video, and Nvidia
OpenGL version 1.2 drivers. The comnplete LEAP
5.0 package is priced at $1495, while CrossoverShop
and EnclosureShop purchased separately are $795
each, and the complete upgrade from LEAP 4.0 is
$890. For more, go to the LinearX website at winw.
linearx,com.

Professional Loudspeaker Design Powersheet—by Marc
Bacon®. This is another spreadsheet based calcula-
tor program writien by Marc Bacon for DOS based
Lotus 123 or QuattroPro (spreadsbeet is not includ-
ed with this software and will not run with Windows
versions). The software performs box design calcu-
lations {sealed, vented, passive radiator, bandpass,
and transmission line), crossover hlter calculation,
and also aids in the driver parameter measurement.
An unprotected source code allows the user to
customize and build upon individual spreadsheets
for his own use. Individual programs are accessed
through a user-friendly menu tree, and context-
sensitive HELP and introductory README.IST
files are also included, The price for this program
is $69.95 and is available from Old Colony Sound
Laboratory.

LApCAD v 6.0—Dy 1] Data. 1|Data has heen produc-
ing loudspeaker simulation software since 1991
During that time, LspCAD™" (Loudspeaker
Computer Aided Design), the primary offering
from []Data, has steadlily improved and incorporat-

ed numerous features far beyond the scope of the
original version. Purchased and used by notables
such as B&W, Peerless, Cambridge SoundWorks,
Audio Pro, BOSE, TAG McLaren, Labtec, Adire Au—
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dio, Karl-Heinz Fink, Mission, Joseph D’Appelito,
Logitech, and others, LspCAD 6 is the latest incar-
nation of this successful software'.

One of the more interesting features of LspCAD
v. 6.0 is its ability to model both box design and
crossover design at the same time. This is basically
accomplished from the schemaic dialog screen
(“Schema”). The dialog box allows a user to pick
both box design elements end passive crossover
components as well as analog and digital active
components. Graphic output from designs includes
SPL, SPL phase, impedance, transfer function,
group delay, time domain, ofl-axis overlays, polar
plots (both vertical and horizontal), and a color
gradient polar map.

The Optimizer for LspCAD also has some inter-
esting features. Tabs allow acjustment of optimizer
parameters as well as range and target functions.
Target functions include the selection of LP and
HP f{unctions as well as EQ, minimum inpedance
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mizer can optimize both crossover networks ang
box volumes.

LspCAD v 6.0 has also added an auralizer, similar
in concept to the one used with the Klippel analyz.
er. The auralizer for LspCAD allows you to optimize
crossover transfer functions and then play back the
simulation through your soundcard, allowing com.
parative listening for different crossover slopes or
topographies.

Other features include a built-in MLS soundcard
analyzer (Just MLS) for making SPL and impedance
measurements (up 1w MLS length of 32k and sam-
pling to 96kHz) and a power compression function
that allows you to compare iterative voltage analysis,
Analysis for LspCAD has a number of dynamic func-
tions including thermal analysis and nonlinear Bi
and compliance functions.

LspCAD is available in two versions, Standard and
Professional. The standard version does everything
the Pro version does with significant exceptions.
The standard version will not optimize impedance,
ransfer function, use minimum impedance set-
tings, set target crossover points, optimize box vol-
ume, optimize EQ (notch filters), optimize phase
response, or oplimize imported largets. Also, the
standard version does not contain the production
tolerance analysis, dynamic thermal modeling, pow-
er dissipaticn in resistors, nonlinear Bl or compli-
ance modeling, polar plots or maps, the predicted
power compression function, or the snapshot func-
tion. LspCAD can be purchased on the Internet at
www.ijdata.com. Pricing for the LspGAD Standard is
US §200 (upgrade $150), and US $980 for LspCAD
Pro version (upgrade $485). For more on LspCAD
6, visit [[Data’s website at www.ijdata.com.

SoundFEasy v. 10—by Bodzio Software. Based in Mel-
bourne, Australia, Bodzio Software has been pro-
ducing CAD software for the Joudspeaker industry
since 1990, which is a long time in the simulation
business. SoundEasy, previcusly featured in Voice
Coil over the years**% is now in Version 10* (the
12th release in 2 32-bit {ormat for this software).
SoundLasy, like LspCAD, is not only a full-featured
enclosure and crossover design program, but also
includes a very powerful soundcard analyzer.
SoundEasy has ten primary pull-down menus.
These include File, Enclosure Tools, Enclosure
Calculators, Import/Export Data, Enclosure De-
tails, Crossover Design, Crossover Tools, System
Tools, Room/Car Acoustics, and EasyLab, the built-
in soundcard analyzer for SoundEasy. Enclosure
Tools has four sub menus: Driver Editor, Enclosure
Design, Enclosure Opuimization, and Edit Driver
Notes. Driver Editor includes T/S parameters, SPL
data and impedance data, plus the ability to calcu-
late phase curves using a Hilbert Transform in con-

Jjunction with a tail correction system.

Box design is performed in the Enclosure Design
module. You can look at and generate a total of 19
curves (SPL, phase, impedance, cone excursion,
group delay, cone velocity, output power, back EMF,
vent velocity, vent excusion, vent SPL, box pres-
sure, and so on) for 13 different enclosure types.
Users can choose fron sealed box, vented, passive




radiator, transmission line, vented transmission
line, horn loaded, five bandpass types, two types
of dipole configurations with either isobaric (com-
pound) loading or single driver loading. Using the
Enclosure Optimization menu, you can designate
a driver parameter set and then optimize for three
box formats: sealed, vented, or bandpass.

The Enclosure Calculators menu opens up six
box design utilities plus a scale resolution and
graph color menus. Box design utilities include a
vent/ passive radiator dimension calculator, a pow-
er compression analyzer, an enclosure dimension
calculator for various shapes (rectangle, bandpass,
slanted front baffle, pyramid, cylinder, and horns),
an enclosure diffraction calculator, a nonlinear mo-
tor calculator function for Bl{(x) and Cas(x) estima-
tion, and a THD estimation calculator that operates
from 1Hz to 2kHz.

Crossover design begins with a CAD schematic
screen. SoundEasy can develop both active and
passive analogy networks as well as simulate digital
networks and digital equalization via your sound-
card and other devices. Analog passive and actjve
networks can be designed by cither manual itera-
tion using the Frequency/Time Domain menu or
by using the circuit optimizer. The optimizer has
target functions for both active and passive filters
up (o 48dB/octave with classic filter functions such
as Bessel, Butterworth, Linkwitz-Riley, and all-pass
type transfer functions.

The Crossover tools menu includes two functions
for automatically displaying a single filter section
without having to pick the individual capacitors, in-
ductors, and resistors one ata time, or a complete 2-
5 way crossover with various possible slope combina-
tions. There are also six utilities that you can use to
produce L-pads, CR conjugates (Zobel networks),
series LCR conjugates (notch filters), parallel LCR
conjugates (amplitude peak EQ), time delay lattice
filters, plus transient perfect 2-way filter blocks. This
menu is also set up to communicate directly with
the Behringer DCX2496 digital crossover.

Once a design is completed, SoundEasy can also
do a respectable job of showing performance of an
optimized system design in a room simulation. This
function is also generalized to include pressure field
environments such as the interior of an automno-
bile. The last menu item on SoundEasy is its built-in
analog/TFT analyzer that will talk to the soundcard
in your computer. The program will generate dis-
crete sine wave tones, stepped sine wave sweeps, or
high speed sweeps as well as perform gated stepped
sine wave measurements. FET analysis is done with
the MLS analyzer section. Other functions on this
menu include a spectrum analyzer, 2-channel oscil-
loscope, cumulative spectral decay plots, T/S pa-
rameter calculator, nonlinear parameter calculator,
and RLC meter for measuring capacitors, induc-
tors, and resistors.

SoundEasyalso comes packaged with aseparate
box design program called BoxCAD. BoxCAD is
a software tool focused on free-form enclosure
analysis using acoustic impedance models and
electrical impedance models and is recommend-
ed for advanced designers by Bodzio.

SoundEasy operates in the Windows 2000/XP OS§
platforms and requires a minimum of a Pentium 4
1.7GHz machine with at least 196Mb RAM. The
EasyLab analyzer requires a full-duplex sound card
(send and receive simultaneously). This program is
available from a number of e-tailers, including au-
dipXpress at www.audioXpress.com and is priced at
$249.95. For more about Bodzio Software, visit their
website at www.interdomain.net.au/~bodzio/.

Speal2—by Red Rock Acoustics. Unlike all the other
software listed in this section, SpeaD™ is not a system
simulation program (although the reverse synthe-
sis part of the program does actually perform box
design) for box design or crossover development,
but a transducerengineering program. Speal) is a
revolutionary tool that allows a speaker engineer to
easily predict the Thiele/Small parameters for any
speaker by simply inputting descriptions of its phys-
ical parts. Reverse SpeaD models the required T/S
parameters to achieve desired Box/Speaker system
performance. Together they form a suite of tools
that should reduce design times and sample itera-
tions dramatically.

In essence Speal is a set of integrated tools for
voice coil, magnetics, mass/compliance and com-
bined parts modeling. Each “tool” includes its own
part-specific modeling and database. For example,
the coil designer predicts the dimensions, weight,
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and DCR for virtually any coil configuration. A built-
in optimizer will even search out the ideal combina-
tion wire size, DCR and winding height, given any
two of the three parameters. When a design js com-
plete, the data is passed on to the integrated parts
modeler. Included in the datais the ideal front plate
ID based on thermal expansion and a user-defined
minimum clearance.

Speal’’s magnetics designer takes dimensions for
the front plate, backplate/pole, and magnet to cre-
ate a sophisticated model of the magnetic circuit.
Material saturation, shortcircuiting, non-ideal
parts dimensions, extended poles, and many other
real-world aspects are all included in the models.
The resulting gap B including an accurate repre-
sentation of fringe fields is sent to the integrated
modeler. The percentage saturation for each of the
metal parts is available via a drop-down box.

The mass/compliance modeler takes descrip-
tions of the cone/edge, spider, and miscellaneous
weights and completes the physical description of
the speaker. The modeler uses universally available
parameters such as cone Fo and spider deflection
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to create the compliance model. Ornce a design is
complete any part can be changed to instantly see
the effect on the overall parameters. Changing the
coil winding height, magnetsize orspider deflection
takes seconds instead of days and weeks of building
samples. The initial predictions that are achieved
with SpeaD are typically within 15% of the actual
measured parameters on the finished speaker {if
you have good parts descriptions). Generally, the
more accurately the spider compliance and cone
Fo are measured, the closer the predictions.
Other feawres for SpeaD 2.0 (scheduled for re-
lease late 2005 /early 2006) inclnde:
+ Flat voice coil wire utility [or any oval wire ratio
and stretch percentage
+ Voice coil configurations available are single
winding, 2-8 layer winding, 2 and 4 layer bifilar,
edge and flar wound wire available for all gpes
+ Thermal heating model that includes the coil,

motor mass, and simple convection cooling

¢+ Imported B curves with non-linear Bl curve
CONVErsion

+ Imported spider compliance curves

» Simulated non-linear Bl (X} and Cms (X) curves

+ Tpole Cyoke and MMAG motor simulations

* Motor optimizer that gives optimum dimensions
for any gap height and B

+ Non-linear motor model using magnet and steel
BH curves

+ Design tools for cone and dustcap Mmd, sur-
round Mind and excursion limit, and spider
excursion limit

+ Complete parts databases with drawing
generation

+ PDF output support

+ Box response simulations (or infinite baffle,
veuted, and bandpass enclosures (includes
non-linear data)

+ Speal FEA 1.0 is an opticnal and integrated
magnetic FEA utility with AutoCad dxf motor
drawing import capability

Reverse Speal® fills the gap between CAD box de-
sign programs and idealized system design. Instead
of predicting the performance of a known speaker
in a particular box, it allows you to model the ide-
al speaker to achieve desired perfoermance in any
box.

For example, input a desived f, box volume, and
Q. for asealed box. Then describe some of the ba-
sics about the speaker, such as size, DCR and mass.
Reverse Speal} predicts the rest of the parameters
required to hit the target. Reverse SpeaD features
modeis for sealed, vented (four types), and single
reflex bandpass boxes. Graphical predictions for
frequency response, impedance, and displacement
power are shown for each design.

Speal) and Reverse Speal are sold as a package
for $2030 USD. Spead is sold separately for $1730
and Reverse SpeaD for $530. The SpeaD FEA 1.0 op-
tion for SpeaDis priced at $500. For more informa-
tion, visit the Red Rock Acoustics website at www.
redrockacoustics.com.

Speakt v. 2.5.112—by Gedlee Associates. Speak v.
2.5.112 is the latest version of the full-functioning
speaker simulation software written by noted indus-
try engineering authority, Dr: Earl Geddes. Aimed
at the knowledgeable designer of loudspeakers,
Speak_32 is a highly sophisticated software package
with a straightforward user interface. The program
functions using four different databases titled Proj-
ecl, Driver, Enclosure, and Crossover. The Project
database holds the specified driver parameters, en-
closure details, and any crossover information, ac-
tive or passive. Speak’s driver database contains not
only a T/S description by nontinear parameters for
Bl and compliance but also thermal coefficients for
doing dynamic analysis. Like most simnulation pro-
grams, Speak will inadel sealed, vented, passive ra-
diator, and bandpass. However, unique 1o Speak is
the ability to model low-frequency horns. The user
can choose between conical, oblate spheroidal, ex-
ponential, or square conical. Also unique to Speak
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is the ability to model Dr. Geddes' “acoustic lever,”
which is a patented high-efficiency type of bandpass
enclosure. Purchasing Speak licenses the user to
butld an acoustic lever for his own use.

Crossover design can be either passive or active.
Active flter choices are Bessel, Paynter, Butter-
worth, 1-3dB ripple Chebychev, and Linkwitz-Riley
along with paranetric EQ filter options. The layout
for passive crossovers has an open architecture and
is based on a fourth-order topography.

The prograin can display up to seven curves si-
multaneously. Plots available in the various analysis
modes for Speak include SPL, cone displacement,
impedance, voltage, current, power response, and
harmonic distortion.

Speak will run in Windows XP, 2000, or NT and
is priced at $299.95. For more information, visit the
Gedlee website at www.gedlee.com.

TLwrx v. 3.0—by Perception Inc. TLwrx accurately
predicts the behavior of wansmission speakers at
the design stage. Including basic performance re-
lattonships similar to the Thiele/Small anatysis of
vented boxes, TLwrx Version 3.0 provides design-
ers with valuable information about expected sys-
tem response prior to construction. The software is
based on extensive research by G. L. Augspurger,
longtime technical manager for JBL's professional
division and designer of over 100 custom instal-
lations in recording studios woridwide. Informa-
tion gained from this work is the basis behind Joe
D’'Appolito’s well-known destgn for the Thor speak-
ers. Included on the CD are TLwrx Version 3.0
software, extensive notes, an alignment chart, and
Augspurger’s three articles describing his research
which appeared in Speaker Builder magazine. Priced
at $129.00 and available from eudioXfress at wuwnw.
audioxpress.com.

WenSpeakerz v. 2.50/MacSpeakerz v. 3. 5—by True Au-
dio. True Audio produces a box design program
that has been coded for two different platforms,
Windows 95/98/NT and the Macintosh. First re-
leased in 1989, MacSpeakerz®” was one of the frst
speaker simulation software packages, and about
the only choice for the Apple ptatform, and later
the Macintosh computers. The new versions of this
software have been completely rewritien, while at
the same time retaining the user interface familiar
to loudspeaker designers who have previously used
the product. The latest release adds several new
modeling options including the ability 10 simulate
the response of the speaker in an auto cabin envi-
ronment and the ability to show the bass reduction
effects due to diffracuon loss (full space as well as
half space responses).

Many other aspects of the user interface have
been fine-tuned based on user teedback. The pro-
gram also includes a libravy of over 1000 loudspeak-
crdrivers from various manufacuurers. The user can
choose any of these drivers and work with any of the
18 different enclosure types, including third-order
closed and fourth, fifth, and six-ordey bandpass box
types in addition o standard second-order closed
and fourth-order vented type enclosures (six differ-

ent box design types and compound [isobarik] ver-
sions of each).

MacSpeakerz will operate on any Power PC
Macintosh or any 68k Mac with a 68020 processor
or later, with 35MB of free hard drive space and
Macintosh OS 8.1 or later. WinSpeakerz® will work
well on any Pentium type PC and has installation
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software that wili detect the OS being used and load
the appropriate files for Win9X, ME, NT, or 2000.
The price for WinSpeakerz or MacSpeakerz is $79.
Available from True Audio at www.trueaucio.com.

X-Ouer 3 Pro—by Harvis Technologies®. X-Cver 3 Pro
is another design program for calculating network
values using resistive termination, but it is also ca-
pable of a whole lot more. While this program will
nol optimize fillers, it will allow you to import real
SPL and impedance curves from CLIO, IMP, LMS,
Smaart Pro, MLSSA, and TEF-20. Using this data X-
Over 3 becoines a great computer-based cutand-try
program. Needless 1o say, using resistive termination
formulas 10 get values for crossovers is baiely even a
starting place, but the ability that this progran has
for iterating network values and using real SPL data
makes it very useful. X-Over 3 Pro s also useful for
comning up with conjugate circuits (CR and LCR),
L-pads, and various EQ) type circuits. Priced at §99,
the software is available from Old Colony Sound
Laboratory. For more, visit the Hairis Technologies
website at www.ht-audio.com.

9.2 ROOM DESIGN SOFTWARE.

Acoustick—by Pilchmer-Schoustal, Ine. AcousticX* is
specifically aimed at small room design as opposed
to acoustic programs that will perform analysis of
large and medium sized venues, such as EASE from
Renkus-Heinz. Given its application to small acous-
tic spaces, AcousticX should be a valuable rool for
home theater and recording studio insialiation.
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The program is divided into four working mod-
ules: Model Response, Speaker Boundary Interfer-
ence Response, Ray Tracing, and Reverb Time. In
concert these modules guide the user to making
decisions on room layout, dimensions, and treat-
ments. Each module allows the user to enter spe-
cific information or allow the software to focus on
a range of possibilities. Each of the four modules
will allow the accustic information to be displayed
in three ways: room view (3-D room presentation},
chart view, or data view.

The Model Response moduie examines the effect
of rcom size and the ratio of dimensions on the dis-
tribution of resonant frequencies. As the user enters
room dimensions, AcousticX reports on the degree
to which the room fits a prescribed criterion. The
module will alsc allow the user to fix one dimension
and vary other dimensions. This information can be

[ Stk i ki Inturterore.s oot . =lel =i

Fe B0k Wiew Drow Options Helo

[oeE@Exsnitna @ AL
&(,‘_g Gala] f[ﬁCeItz[&ggusllc Amblancg?xﬂr&llﬁm""fl- RDum'

displayed as planes on the three axes of the room
and can be used to locate the most effective place-
ment of bass traps.

Speaker Boundary Interference Response mod-
ule explores the interaction of low-frequency ra-
diation and the speakers’ relative location to room
boundaries. The software will chart the results and
automnatically display the listening position, size and
placement of absorption material, and the size of a
valid listening area. If desived. AccusticX wilt find
the best loudspeaker placement based upon the
lowest interference Jevel,

The Ray Trace module takes information about
room size, speaker type and placement, room ab-
sorption size and placcment and traces reflection
paths with the space. Trace precision can be set to
less than 1° increments. Each trace can be followed
for any number of reflections with direct energy
shown in red, first reflections shown in blue, second
reflections in light blue, and later reflections shown
in green. This module also displays polar energy on
the horizontal plane. Once processed, the room
view display will show the direction and magnitude
of the energy arriving at the listening position.

Last, the reverb module allows the user o com-
pare and select absorptive treatments by graphically
displaying their coefficients and double-clicking
1o add the material to a room surface. The reverb
time is autornatically calculated and graphically dis-
played against a set of preferred criteria.

The program also includes an Acouslic Calcula-
tor which performs a variety of common acoustic
equations and operations such as unii conversion,
tevel addition, inverse square law, frequency/wave-
length/period/velocity calculations, and coml Alter
calculation. Priced at $399, AcousticX is available di-
vectly from Pilchner Schoustal, Inc. You can visit the
company website at www.pilchner-schoustal.com.

CARA v 2.2 Plus—ELAC Technishe GMBH. CARA
15 acoustic room design software that will help with
roomn design by letting you produce a floor plan up
to 100m x 100m with added features for ceiling an-
gles, pillars, and so on. Databases for room materials
and loudspeakers are enhanced by editing capabili-
ties allowing you to add vour own custom elements.
Numerous calculation features evaluate a variety of
room eftects. Graphs and diagrams including 3D
picture sequences will help locate the eptimum po-
sition of loudspeakers in the described space. New
features of the 2.2 release include a New Room De-
sign wizard which offers a number of predefined
floor plan templates and allows all dimensions to be
entered in non-metric units (inches and feet). The
Loudspeaker Editor now allows -5 way joudspeak-
ers. Support for Surround 6.1, 7.1, and 8.1 is now
available. The program runs in Windows 95/98/
Me/NT 4.0/2000, and is priced at $74.95 and avail-
able from audioXpress at www.audioXpress.com.

Modes oy Your Abodes—Dby Joseph Saluzzi. Modes for
your Abodes™ is available in Win95, Win3.1, and
DOS versions. This program is menu driven and
allows the user to input room dimensions. From
this, the software will calculate and display axial,
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tangential, and obligue acoustic modes as well as
predicting axial coincidences. Price is §25 in DOS,
and $49.95 in Win95 or Wind.1. Available from Old
Colony Sound Laboratory.

Room Optimizer—by RPG Inc. Room Optimizer® is
a Windows 95/98 based program that automati-
cally and simultaneously optimizes both the room
modes and the speaker boundary interference re-
sponse to determine optinal speaker placement
and listening position. The program functions by
first locating a random set of listener and loud-
speaker placement locatons and evaluates these
by calculating the energy impulse response via
an image model. Following this process, two FFTs
are performed on the impulse response to reflect
transient and long-term aspect of the way music is
perceived. A short-term FFT of the low-order re-
flections determines the speaker boundary inter
ference response (SBIR) and a long-term FFT of
the entire windowed impulse calculates the room
model response. A weighted sum of the standard
deviation of each FFT response of a defined fre-
quency range 1s then compared, If the result is be-
low a given error tolerance, the process continues,
doing successive iterations until a solution set is
determined.

Room Optimizer is quite comprehensive and can
suggest such things as specific height of speaker
stands, optimumn height for listener seating, and
placement of acoustic treatments. Any type, num-
ber and combination of monopole, dipole, bipole,
multipole loudspeaker configurations can be mod-
eled with this software as well as a wide variety of
swround placement configurations. Room Opti-
mizer is priced at $99. For more information, visit
the RPG website at www.rpginc.com.

9.3 SOUND CARD ROOM ANALYZERS.

ETF v. 5.0—by Acoustisoft. Voice Codl featured two
previous versions of ETF (Energy Time Frequency)
room design and analyzer software in the Decen-
her 1998 (V 4.0) and October 1997 (V 3.0) issues.
Acoustisoft’s current version 15 ETF 5.0". New
features indude @ “maximum length sequence”
{MLS) test stimulus, two channel operation, pseu-
do real-time analysis, increased resolution of room
resonance, impulse response measurernents, more
clear identification of room resonances, the ability
to post process measureinent files, fractional octave
displays (1/3,1/6, 1/12) plus phase and delay mea-
surements.

ETF 5.0 runs on Windows 95/98/2000/NT 4.0
0§ and will work with any soundcard including
the new 48kHz PCI soundcards. Unlike the previ-
ous version, ETF 5.0 does nat require or include a
test CD or have 3D graphics. The MLS stimulus is
softwave generated and is not user controllable and
contains a 262,143 point sequence. FFT size varies
with the gate (window) time selected, The sewup
is fairly basic with the micropheone going into one
channel of a soundcard and the output connected
o a measurement amplifier and DUT.

Included in the software is a Device Design sec-
tion that aids in the design of Helinhollz-type bass

traps and rear wall diffusers. ETF 5.0 also includes
a wellwritten manual with an excellent tutorial
on room acoustics. The deliver price of ETF 5.0 is
$150. Acoustisoft also has available a '4” calibrated
microphone and dual channel preamp (same ype
as supplied by Liberty Instruments) for $325. For
more information on this program, visit the Acous-
tisoft website at www.acoustisoft.com.
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SIA SmaartLive 5.0—by SIA. SmaartLive 5.0 in its
current incarnation is a 32-bit Windows 9X, XP,
ME 2000 program that uses the A/D converters of
your sound card o perform FFI-based real-time
spectrum analysis with reat-time wansfer function
capability, including a built-in delay locator. The
real-ime module has a plug-in architecture for ex-
ternal MIDI/series/parallel port controlled equal-
izers (equalizer manufacturers supporting this im-
plemnentation include BSS, Shure Brothers, Ashley,
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Level Control Systems, T.C. Electronics, Rane and
Klark Teknik), a built-in signal generator for use
with duplex soundcards (pink noise and sine wave},
and FFT sizes up to 16k points.

Sinaart Pro works pretty much like any other two-
channel FFT. Once you enter the Analysis Mode
and the signal is applied to the speaker and record-
ed, vou window out the reflections and perform an
FFT to achieve the in-room response. Smaart Pro
can also funciion asa 1/3 to 1/24 octave RTA.

The current price for SmaartLive v. 5.0 is §695.
SIA alse offers vavious upgrades for the different
versions from different sellers. For more, visit the
SIA website at wwvsiasoft.com.
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WinAIRR v. 4.0—by Julian [. Bunn. Available in
both DOS and Win 45/98/NT versions, WinAIRR
{(Anechoic and In-Room Response) works with any
full-duplex soundeard such as the Turtle Beach Fiji

or Pinnacle cards. Since the software uses a duplex
card, it generates its own noise stimulus, either a
pulse, MLS, white noise, sine sweep, or square wave.
WinAIRR operates as a dual channel FI'T that can
display SPL, phase, and time-decay waterfall plots.
Priced at $49.95 for either version, WinAIRR is
available from Old Colony Sound Laboratory.

TrueRTA v 3.2—by TrueAudio. TrueRTA is a soft-
ware meastrement ool developed by TrueAudio,
the software company that developed the WinSpeak-
erz/MacSpeakerz loudspeaker design  software.
TrueRTA is a software-based audio analyzer for test-
ing and evaluating audio systems using any PC with
basic sound card capability. The instruments found
in TrueRTA include a low distortion signal genera-
tor, a digital level meter, a crest factor meter, a dual
trace oscilloscope, and a high-resolution real-time
audio spectrun analyzer that will display from 1/1
octave 10 1/24 octave resolution. This instrument is
ideal for installing home theater systems.

New version 3.2 has added several new waveforms
to its low-distortion generator including square, tri-
angle, sawtooth, and impulse waveforms. Besides
the new waveform generator changes, v. 3.2 also has
a new dialog window for adjusting the square-wave
duty cycle, added a peak dB number display above
dB RMS, upgraded the metering display from 4 to
5 digits, and revised and updated the Help Topics
menu content.

By producing these test instruments in software
and by calibrating signal input and output capabil-
ity of your PC's sound card, you are able to achieve
a level of performance that could only be replaced
by a fairly high quality discrete hardware RTA.
TrueRTA is priced at $99.95 for the full version
that does up to 1/24 octave resolution analysis. For
more information on TrueRTA, visit the TrueAudio
website at www. trueaudio.comn.,

A Closing Note: Il'you could utilize all the infor-
mation in this book, and even implement the facili-
ties of some of the outstanding software described
above, you will still not necessarily be equipped with
what it takes to produce uly superjor loudspeak-
ers. Building a well-damped, and correctly designed
enclosure 1s critically important, as is the appropri-
ate design of the crossover network, but it remains
that inuch of what you consider as the “sound” of
a loudspeaker has 1o do with the choice of materi-
als, magnet geometries, and adbesives, things out of
the control of most of us doing loudspeaker design
work. If you cannot design your own drivers, then
the selection of drivers and their eclectic combina-
tions becomes strategically important.

Performing a crivical analysis of the drivers you
selectand identifying and correcting their resenant
flaws by modification can be paramount in produc-
ing a greatspeaker. The artof Joudspeaker design is
knowing how to skillfully combine different driver
types and materials 1o arrive at some sort of “timbre
soup” to which others will tisten and judge as “musi-
cal.”

I you wish Lo hetter understand the timbre hias
which you face in designing loudspeakers, listen
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to track five of Stereophiles test CD1(86.95 from
Stereophile at www.stereophile. com). This short den-
onstration presents the human voice of }. Gordon
Holt, the magazine's founder, speaking through
a wide variety of typical microphones coften used
jn the recording process. No two of them sounds
exactly the same. Each produces an entirely dif-
ferent spectral content from an identical source.
Of course, it comes immediately to mind that this
would make judging decisions about the timhre
bias of a new loudspeaker design exceedingly dif-
ficult, which indeed it is.

The loudspeaker industry is still ight-years away
{rom being able to replicate original acoustic events
in a scientifically controlled and measured manner,
In fact, replicating original events probably isn't, in
my view, a reasonable goal. Perhaps all the medium
will ever be capable of is mmerely creating a good il-
lusion of the original event. Nonetheless, the best il-
lusions have yet to be produced, and designing anel
listening to music through loudspeakers you have
designed and built yourself is still an exciting and
absorbing pursuil.
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CHAPTER TEN

HOME THEATER
LOUDSPEAKERS

10.1 HOME THEATER vs. HI-FI.

Loudspeakers differ based on their applications,
not only in terms of the transducer specifications
but also in the overall requirements of system
designs. Pro sound speakers are vastly different
from those designed for heme listening, which in
wn differ from car audio speakers. Over the last
several years a new category of home listening
loudspeaker has been created for the reproduc-
tion of movie soundtracks, called hoine theater.

An entrely new range of special requirements
for home theater has caused the development of
specific design criteria. Whether or not home the-
ater speakers should be designed any differently
from two-channel speakers raises a somewhat con-
troversial issue on which no firm consensus exists
among industy practitioners. On the surface, you
would tend 1o assume that, since mnovies are
almost always choreographed with music, there
would be no special design considerations for a
home theater speaker as opposed Lo normal
stereo speakers. It seems obvious, but both media
require the reproduction of music and speech (if
singing can be considered a form of lyrical
speech). A closer Jook at the film sound mixing
process, however, yields some interesting contrasts
hetween these two specialized types of sound
reproduction.

Music recorded for CDs is for the most part
mixed in relatively sinall studios (compared to a
film studio). The mix console and engineer are
perhaps less than 10-15" from the main monitors
and only 3-6" fromn the conscle monitors, there-
fore the music is mixed near field (close field).
The physical layout of a movie dubbing stage is
much different. Motion picture soundtracks are
mixed in a small theater or soundstage, where the
console is perhaps 30-35" (80" in the case of the
Disney studios) from the viewing screen and
speakers. Mixed in a large acoustic space, the final
product sounds great in a full-sized theater
equipped with the usual complement of large,
equalized horn-loaded speakers (equalized with
the SMPTE A202M/1SO 2969 “curve X” or
“house curve,” which compensates for theater
acoustics with a 3dB/octave rolloff above 2kHz").
When that same soundtrack mix is dubbed o a
VHS VCR tape or laserdisc and played back
through typical near-field home stereo equipmen,
however, it invariably sounds very “bright” in com-
parison to music recordings, especially on special
effects.

Unfortunately, film soundtracks are not general-
ly remixed for home playback {although there is
currently a new trend {or DVDs to be remixed for a
flac response}, and this situation must be clealt with

Mr. Pablapa

at. the playback end of the process. It was this
observation which led Tor Holinan tw begin work
on the THX (Tomlinson Holman eXperiment)
home specification.? His answer was to include
some upper-frequency equalization in the sound
processor (using the same Dolby Pro Logic chip as
non-THX equipment}, which began gradually
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rolling off the response of the front speakers at
around 3kHz, inaking the response about 1.5dB
down at 10kHz and 6dB down at 20kHz (Fg. 10.1).

Obviously, this is more of an EQ problein than
a loudspcaker design problem, but it does estab-
lish a perspective on the differences between
speakers intended for music and those for video. It
also imptics that the spectral balance of video
speakers is even more critical than normal two-
channel speakers andl that, at a minimuin, the for-
mer should have a flat response. This would sug-
gest that an upward-tilted spectral balance (biased
toward the high-frequency end of the speciruin)
should be specifically avoided in video playback
speakers; a somewhal dewnward-tilted spectral
balance (cften favored by two-channel audio-
philes) is a reasonable response goal which com-
plements both types of reproduction. (It also
implies that the use of a 1/3-octave equalizer on
non-THX syslems is a good option.)

Considering all of this, does it mean that speak-
ers that ave ineant to reproduce music are (o be
designed differently than home theater speakers
and vice versa? The answer is no, definiely not.
Requirements for accurate timbre are generally
reflected in a flat frequency response both on and
offaxis and is not different no mater how many
channels are in a sysiein®, As will be seen, speakers
intended for home theater center channels and
swround channels do represent different configu-
rations, bul again, have the same overadl sonic
requirernents as any previously considercd neces-
sary for two-channel only speakers.

HOME THEATER
LLOUDSPEAKERS

FIGURE 10.1: Response
curves for Doloy Pro Logic
(solid) and THX {dot) sur-
round-sound processor
front/center wide mode,
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FIGURE 10.2: Typical loug-
speaker placement in &
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home thealer system.

FIGURE 10.3; Proper place-
ment of left/center/right

fronl speakers.
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Dipole Surround Speakers

There are two issues of contenticn among
speaker designers and system practitioners
which have come up with home theater that did
not exist with 2-channel audio-speaker divectivi-
ty and monopole versus dipole surround speak-
ers. Enhanced vertical directivity and the use of
dipole surround speakers are both enhance-
ments that are part of the Lucaslilm THX Ulwra
and Select home theater certification standards.
Controlled-directivity speakers, long used in
large acoustic spaces to improve intelligibility
(by limiting reflections) and provide uniform
coverage, have never been popular for music lis-
tening in small acoustic spaces such as the
home or music studio, However, experiments
designed to explicate the diffevence hetween
controtled-divectivity speakers and wide-disper-
sion types used in movie thealers provided
some of the inspiration for Tom Helman in the
development of the THX motion picture the-
ater speakers, and Lhen fater in establishing the
criteria for THX home theater units.

While no reat substantive conflict exists
between Dolby Labs’ (Dolby licenses all of the
processing chips used for home theater systeins,
THX or not} recommendations for home theater
loudspeakers! and those licensed by Lucasfilm
for THX home systems, there are some marked

|

FIGURE 10.4; Improper placement of left/center/right front
speakers.

FIGURE 10.5: Compromise placement of left/center/right
front speakers.

differenices. What follows are general guidelines
which will be helpful in designing various home
theater loudspeaker elements.

10.2 OVERVIEW OF HOME THEATER
LOUDSPEAKER SYSTEMS.
All home theater loudspeaker systems are com-
posed of four basic elements: left/right front
speakers, a center front channel located between
the left and right speakers, le{t/right rear (sur-
round-sound) speakers, and a subwoofer, as illus-
waled in Fg 10.2. While a sixspeaker system is
the typical configuration, there are a number of
variaticns. These include eliminating the sub-
woofer and using two fullrange lefi/right front
speakers, or using two subwoofers mstead of one,
for a total of seven speakers per system. Either
way, the six-speaker systern is derived from four
channels using the Dotby Pro Logic processor
(left, right, center, and surround) and 5.1 chan-
nels for the Dolby Digital format (left/right/cen-
ter front, lefl,/right rear, and a subwoofer).
Regardless of configuration it is generally
agreed that, at a minimum, the left, right, and cen-
ter speakers should have matching timbres (tonah-
ty). To meet this requirement all three front speak-
ers should use identical woofers, midranges, and
tweeters, as well as the same crossover elements,
with the system response matched as closely as
possible. Ideally. the surround channels should
incorporate the same woofers, mids, and tweeters
as the front speakers, although this requirement is
not as stringent as the need for matching timbre
in the [ront speakers. As the industry converts to
the new 5.1-channel, Dolby Digital discrete sui-
round standard, the requisite for matched driver
timbres in the rear channels will be greater given
the surrcund standard's full-range aspect.




10.3 LEFT/RIGHT FRONT SPEAKERS.

One of the most important parameters for the
left/right/center front speakers in a home the-
ater system is height. Figure 10.3 shows the ideat
arrangement of the speakers in relation to the
viewing screen: all three speakers are aligned on
the same horizontal plane. This establishes a
firm image height when special audio effects are
panned from one side o the other, such as a
speeding car moving across the screen. When a
large discontinuity occurs between the heights of
the center front channel and the left/right front
speakers, as depicted in Fig. 10.4, the visual
image of the moving object becomes confused
and somewhat unnatural due to shifts in image
height. Relatively snrall differences of 127 ov less
(ilustrated m Fig. 10.5) are acceprable.

Height should be an important design factor
for determining cabinet dimensions and driver
placemnent for all three front speakers. Also note
that a video systemn's left/right front speakers are
not usually placed as far apart as normally recown-
mended for two-channel sound, where a typical
angle for good imaging is 60°. The greater place-
ment angle tends to create an image that is widey
than desirable for video, so 45° is generally pre-
scribed (Fig. 10.6)3%7 Besides the LRs being clos
er together than the vsual 2-channel setup, the
speakers should alse be angled toward the listen-
ing area and the same distance as the center chan-
nel to listener. The delay caused by the minor clis-
tance difference is actually pretty trivial, but that
is the typical recommendation in the industry®

10.4 SHIELDING REQUIREMENTS.

Due to the nature of direct-view, CRT-type televi-
sion receivers—the type found most often in home
theater (front and rearprojection TVs make up a
small percentage of the total}—shielding the pic-
ture tube from the high-strength magnetic motors
in loudspeakers is essential. Placing a strong mag-
netic field, such as a icudspeaker, in close proxiin-
ity 0 a CRT will distort both color and image. If
exposure to the field occurs over a long enough
peried and at a sufficiently high intensity, the
CRT will become discolored even after the source
is removed, and will require degaussing. The larg-
er the CRT the more scnsitive it is, with the 35"
and larger dicclview sets being the worst. Also,
the new 16x9 screens are move sensitive than the
normal 4x3 aspect ratio screens.>!

Magnetic shielding is an absolute necessity for
center front speakers, and is highly recommenc-
ed for left/right front speakers. Subwoofers
placed in close proximity to a direct-view CRT, or
the projection devices in a rear-projection receiy-
er {which are close to the floor), can also require
some type of shielding.

Two different levels of shielding which can be
incorporated into the motor system of a trans-
ducer are illusgrated in Fig. {07 In the [irst, an
additionat magnet is aached to the back plate
of the motor assembly, with its magnetic polarity
reversed in relation te the main magnet. Often
referved to as a bucking magnet, this second
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FIGURE 10.7: Shieiding
formalts for wooter
motors.

agnet is usually smaller in diameter and height
than the primary magnet. Its exact size 15 deter-
mined by experimentation. This will suppress
the magnetic field extending laterally from the
driver, but not the field being emitted from the
front and rear of the motor. Shielding of this
type can be adequate for left/right front speak-
ers and subwoofers when placed at least 1 or 2/
fron the CRT, depending on the sensitivity of
the TV used. Generally, a bucking inagnet will
only slightly change driver sensitivity and will
not radicalty alter the driver’s T/S parameters,
at least not enough to affect box design.

The second level of shielding incorporates a
bucking magnet and a metal shiclding “cup”
which fits around the magnet structure.
Developing a wellshielded driver can be fairly
difficult and generally inyolves a substantial
amount of trial and error experimentation o
simultaneously achieve a targel set of T/§
parain-eters, the response profile, and the
required levet of shielding.

Several important criteria determine the effec-
tiveness of a completely shielded driver. The buck-
ing magnet dimensions tend t be the sarme when
used withoul the cup, the thickness of which is

HOME THEATER
LOUDSPEAKERS

FIGURE 10.6: Placement
angte from center listening
position for left- and right-
channel video speakers.
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FIGURE 10.8: Vertical placement for a single-woofer center-

channel speaker.

FIGURE 10.9: Horizontal placement of a single-woofer
center-channel speaker.

also important, as too thin a metal will not shield
adequately. Simply placing a cup around the
assembly and gluing it to the bucking magnet
often will not produce the desired result.
Depending upen the specific driver parameters
and metor strength, it is also frequently necessary
for the cup’s rim to be nearly touching the front
plate of the motor structure. This invariably
requires tooling a special front plate for the dri-
ver, When such a method is used, however, the
T/S parameters are generally more than moder-
ately affected. Consequently, achieving the same
target parameters as the driver’s unshielded ver-
sion can be diffjcult and require significant jug-
gling of voice coil and molor specifications.

Using fully shielded woofers, mids, and tweet-
ers for center-channel speakers is always
required, but this may still be insufficient to
completely shield a speaker which is directly on
top of a large and magnetically sensitive, direct-
view TV. Because some resicdual magnetic field
is ahways present even in a well-shielded driver,
magnetic sum and difference areas can be gen-
eraled by the inleraction of these stray fields
when using multiple drivers {inagnetic phase
anomalies). While a single driver may be suffi-

FIGURE 10.10: Verical placement for a double-woofer
center-channel speaker.
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FIGURE 10.11: Horizontal placement of a double-woofer
center-channel speaker.

ciently shielded so as not to visually affect a
screen, the close proximity of several such dri-
vers sometimes creates a composite stray field
which disturbs the picture, as with the popular
woofer/tweeter/woofer format used in center
channels. These field problems are further atten-
uated by adding one or iwo layers of a gaiva-
nizectsteel sheet metal lining to the inside walls
of the cabinet.

10.5 CENTER-CHANNEL SPEAKERS.

The center channel is perhaps the most impor-
tant speaker in a home theater systen, and
actually delivers close to two-thirds of the total
system acoustic energy.'’ A center-channel
speaker not only delivers the dialogue but pins
the entire acoustic presentation to the screen
image. Besides matching drivers and response
curves (timbre), matching acoustic polarity {the
same vertical or horizontal driver placement) is
also desirable for lefi/right/center speakers.
Yet, while this 15 a requirement for THX sys-
tems (g 10.3), many nonTHX manufacturers




FIGURE 10.12: On- and off-axis response of a single-woofer
center-channel speaker with horizontal acoustic polarity
{0°= solid, 15°= dot, 30°= dash, 45°= dash/dot).
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FIGURE 10.15: On- and off-axis response of a double-
woofer, flal-baffle, center-channel speaker with horizontal
acouslic polarily (0°= solid, 15°= dot, 30°= dash, 45°=
dash/del).
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FIGURE 10.13: On- and off-axis response of a single-woofer
center-channel speaker with vertical acoustic polarity (0°=
solid, 15°= dot, 30°= dash, 45°= dash/dol).

Frequeacy

FIGURE 10.t6: On- and off-axis response of a double-
woofer, flat-bafile, center-channel speaker with vertical
acoustic polarity (0°= solid, 15°= dol, 30°= dash, 45°=
dash/dot).
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FIGURE 10.14: Response curves for Dolby Pre Logic (selid)
and THX (dash/dot) surround-sound processor center nor-
mal mode.

setl systems which mix the polarity (Fig. 10.5).
In this regard, all lefi/right speakers have a ver-
lical polarity—the drivers are mounted one
above the other. Figures 10.8-10. /1 illustrate
two Lypical formats for center front speakers,
single- and double-woofer, placed in both verti-
cal and horizontal polarities on top of a TV
veceiver. The center front channel speaker is
commonly positioned horizontally, with the dri-
vers in opposite acoustic pelarity to the
left/right front speakers. This is done suictly
for aesthetic reasons. Most users seem 1o prefer

the aspect ratio (height to width) of the TV set
L0 be similar to the physical aspect ratio of the
loudspeaker cabinet.

For single-woofer models, depicted in Fig. 10.9,
the frequency response consequence of horizon-
tal ptacement is a phase cancellation in the
crossover region as you move off-ads, as illusuat-
ed in fig. 10./2. Compared with the smooth off:
axis response of the vertically polarized driver
placement {Fig. 10.13), the consequence for the
horizontally polarized speaker at 30° offaxis is a
dip in the response al the crossover frequency of
nearly —15dB (indicating the woofer and tweeter
are relatively out of phase). While human hearing
is not the same as single-point microphone mea-
suremenit, the result is a noticeable (though not
radical) response shift for those seated well off
axis of the speaker. If perfection is the goal, the
obvious solution is to follow the THX specifica-
tion and place the speaker as in fg. /0.8, regard-
less of cosmetic appearance.

Both Dolby Pro Logic and Dolby Digital
based processors generally offer the option of
the center-channel speaker hunctioning either
full range (20Hz-20kHz) or with an 80-100Hz
high-pass [ilter (fig. 10.14). Since many systems
wilize the “center wide” output configuration,
dualwoofer formats have become quite popu-
tar, mostly because their increased radiating

HOME THEATER
LOUDSPEAKERS
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FIGURE 10.18: Cn- and off-
axis response of a double-
woofer, angled baffle, cen-
ter-channel speaker with
vertical acoustic polarity
(0°= solid, 15°=dot, 30°=
dash, 45°=dash/dol).

FIGURE 10.1%: On- and off-
axis response of a double-
woofer, angled baffle, cen-
ler-channel speaker with
horizontal acoustic polarity
{0°= solid, 15°=dot, 30°=
dash, 45°=dash/dot).
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FIGURE 10.17: Comparison
of flat-bafile and angled
front bafile, double-woofer,
center-channel speakers,
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area allows better handling of low-frequency
transients. Unlovtunately, this type of center
channel speaker’s horizontal placement (Fig.
10.11) creates wwice the off-axis frequency
response problem as single-wooler models (g,
10.15). Compared with the even off-axis
response curves for verticat placement shown in
Fig. 10,16 (which looks quite awkward because
of the cabinet heighl and different aspect ratios
as depicted in Fig. 10./0), the offaxis response
for a hovizentally placed double-woofer speaker
has dips caused by cancellation between woofer
and tweeter at the crossover frequency, as well
as between Lthe Lwo woofers’ ofl-axis response,
The [requency ar which this off-axis phase can-
cellation occurs is a funciion ol the center-to-
cenler distance between the woofers. With this
particular speaker, the worst dip comes al
1.5k Hz, 30° oflaxis, with a =25dDB depression,
I horizontal placemient is to be used for a
doublewooler format speaket, one design solu-
tion will amehorate the problem somewhat. By
mounting the weofers at a 20-30° angle toward
the rear of the enclosure, as illustrated in Fg.
1017, the ofl-axis attenuation caused by their

FIGURE 10.20: Centrolled directivily two-way speaker
format.
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FIGURE 10.21: Controlled directivily three-way speaker
formal.

physical placement will be less severe. Figures
10.18 and {0119 show, respectively, the vertical
and horizontal response curves for a double-
woofer system, with the woofers angled 20°
toward the back of the cabinet. (This obviously
entails complex cabinet construction, which is
one reason vou don’t very often see this type of
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FIGURE 10.22: Surround speaker layout for a typical motion
piclure thealer.
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FIGURE 10.23: Response curves for Dolby Pro Logic (solid)

and THX {dash/dot) surround-sound processor, rear-chan-

nel mode.

configuration.) The borizontal placement
curves show the off-axis dips caused by woofer
cancellation to be only =10dB, a 15dB improve-
ment over a flat-baffle design (the sbarp dip is
crossover cancellation, because this model had a
different driver and crossover than the speaker
depicted in Fig. [0.16). Renkus Heinz, Inc., pro-
duces a software package, ALS-3, which can pre-
dict offaxis lobing.'? It will model different cab-
inet configurations, such as the one discussed
{reviewed in Voice Cotl, July 1993).

10.6 CONTROLLED VERTICAL
DIRECTIVITY.

Part of the development for both THX theater
and home theater systems included experimental
evidence indicating that speakers with controllec
directivity, adjusted o cover the audience area
but ininimize sound in other divections (notable
up and down in the vertical plane), produced
greater dialogue clarity. This design aspect has
become an integral part of the approved “stan-
dard” licensed by Lucasfilm to loudspeaker man-
ufacwrers for THX home systems. Figures [0.20
and 0.2/ illustrate two formats which produce
this kind of vertical directivity.

Although double-tweeter arrangements like
the one in Fg. /020 have never been popular in
hi-fi speakers because of the comb filter effects
occurring at high frequencies, this driver layout
has become a fairly common design approach for
high-end loudspeakers. Companies such as B&W,
Snell, and Duntech have used the three-way
D’Appolito format for a number ol yvears. The
exact specification for these types of speakers is
proprietary to Lucasfilm, yet enhanced vertical
directivity is an unavoidable by-product of this
design, especially when the midrange-to-tweeter
crossover frequency is extended 1o the upper
response region of the midrange. This format
also allows a horizontal aspect vatio, so the center
front speaker has the same mid- and upperfre-
quency acoustic polarity as the left/right front
speakers. This is especially effective i the woofer-
o-midrange crossover is kept as low as possible
(200-400Hz). Whether or net you optinize this
design for restricted vertical clivectivity, the driver
layou still nkes a lot of sense for a home theater
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system. The Atlantic Technology 370 and 450
THX Ultra systemns are both good examples of
this type of enhanced direcuvity loudspeaker
design.

10.7 REAR-CHANNEL SURROUND-SOUND
SPEAKERS.
The setup for rear-channel surround speakers in a
(ullsize theater (Fig. 10.22) is substantially different
trom that of home theater. Due to the size of the
acoustic space, multipie speakers are located high
above the listeners’ heads and arvayed along the
theater’s side and back walls 10 provide coverage
for the cntire listening area. Delay circnits are
required o prevent arvival tme conflicts. which

HOME THEATER
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FIGURE 10.24: Suggesled
placement toward the listen-
ing area for surround-sound
rear-channel speakers.

FIGURE 10.25: Alternate place-
ment (toward the back wall) for
surround-sound rear-channel
speakers.
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FIGURE 10.26: Allernate placement (aimed at the ceiling) for ~ FIGURE 10.27: Placement of dipole-type, surround-sound,
surround-sound rear-channel speakers. rear-channel speakers.
sound (ield, which adds to the spaciousness ol
[@ the experience while concurrently allowing for
the directional location of special surround
effects. This multi-purpose goal is best atained
) 9. [m 3. 4. 5 when the source of the sound cannot be localized
) by the listener. To this end, Dolby Pro Logic
processors modify the response going 1o the sur-
round channels by providing a high-frequency
rollofl above 7kHz (Fig. 10.23). While the ear’s
| E | é l | E I ; | process for localizing sound is rather complex,'?
diminishing the high frequencies above 5kHz
(usually the Lweeter’s range) makes localization
more difficult.
@ @ @ A The THX equalization curve also improves the
problem timbre shift, which can occur when
- a | | sounds move [rom the front w swrround speak-
6. v 7 @ @ ers. The Dolby Pro Logic processor also rolls off

FIGURE 10.28: Different formats for dipole-type, surround-sound, rear-channel

speakers.
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could disturh the performance’s intelligibility. It is
also important to note that, unlike the Dolby Pro
Logic format, the rear channels of z motion pic-
wre theater are discrete rather than a derived
matrix of the front channels. This difference will
obvicusly be less for the Dolby Digital standard,
which also uses discrete channels (or the rear
speakers.

Whether the home systemn uscs the Dolby Pro
Logic mauix arrangement or the Dolby Digital
discrete-channel standard, the objective is to pro-
vide the same acoustic effect as olxtained in a full-
size theater. The swround speakers should e
able o produce a diffuse enveloping ambient

the low frequencies below 100Hz, which means
the response of a surround speaker is
100Hz-7kH= The Dolby Digital standard has
options for both fullvange 20Hz-20kHz and
100Hz-20kHz surround channels, pius the possi-
bility for more localized swround effects.’! The
discrete nature of the Dolby Digital rearchannel
standard does not necessarily imply, however,
that surrounds should become totally divectional
monopoles. In an Internet dialogue in April
1995, Tom Holman stated that past THX and
recent Dolby Digital experiments performed at
Snell Acoustics by Kevin Voecks indicate experi-
enced and novice listeners substantially preferred
the diftuse radiation null pauern of dipole sur-
rounds over direct monopole full-range radiation
aimed at the listening area. Later informal tests
done by Home Theater magazine in April 2000
also indicates an overall preference for dipole




speakers used as surrounds, however, this is
somewhat up to personal taste. Experiments
done by the author are in agreement with many
in the industry in that movies with a lot of dis-
crete surround information, such as action type
films, tend to sound somewhat more “spectacu-
lar” with direct radiator surrounds, while the
majority of films that use surrcund information
for ambient “fill” certainly sound better with
dipoles. One company, M&K, has developed a
surround speaker they call a “Tripole” speaker,
which has switchable direct and dipole speaker
effects. Personally 1 think this is way too much
wouble for most users, so I would have to agree
with industry professionals®'® on this issue. If
you are to choose one type of surrcund, dipolar
is probably the best overall choice.

Dolby Labs recormmends placing the surround
speakers directly opposite the listening area, and
aiming them across the area at a height of 2-%’
above the listener, as illustrated in Mg [10.24.
Considering the placement height of the high-fre-
quency rolloff, this technique is certainly viable,
but is probably the Icast preferred if a more dif-
fuse application is possible. Variations on this
monopole surround speaker placement which
will lead to improved diffusion include aiming
the speakers toward the vear wall or the ceiling,
as shown in Figs. 10.25 and 10.2¢6.

Dipolar surrounds present a whole separate
category of surround-sound speaker. They are
under the exclusive patent license of Lucasfilin’s
THX division (patent #5222,059 and
#5,100,416). As with any dipolar speaker, such as
a Magnepan screen speaker, the front-to-back
cancellation due o the out-of-phase radiation
produces a “null” area in the response to the
sides of the speaker (like a figure<ight cardioid
microphene pattern}. Although the original
dipole surround application patent <lid not origi-
nate with Lucasfilm, they have refined and cham.
pioned its use for home surround sound and
suongly believe that the dipole provides the very
best simutation of typical left/right/back wall
arrays found in theaters.

For effective operation, dipole surround speak-
ers should be located on the walls 2-3" above and
on apposite sides of the listening area, with the
null firing directly into the area, as iltustrated in
Fig. 10.27. Note that the positive-going drivers (an
outward cone motion with + DC applied to the
speaker’s + tevminal) are aimed toward the front
speakers,

Designing dipole surrounds is not always as
casy as merely reversing the polarity of the oppo-
site driver set. Distance between drivers, which
will determine the frequency response and depth
of null produced, may or may not requirc sepa-
rate manipulation of high- and low-pass crossover
sections for each driver set. A nuinber of varia-
tions on the dipole theme are currently in pro-
duction (Fig. 10.28). 1t is important that the
woolers be placed in separate chimnhers, or comn-
plete bass cancellation will result. Some manufae-
wrers put a 100-200Hz high-pass filter on one of

the woofers so less acoustic cancellation occurs at
low frequencies, thus giving the speaker more
bass.

Figure 10329 shows the frequency response of a
dipole speaker (type 7 in [ig. 10.28) measured at
the inaximum nuil, which occwrs at 0° at a point
between the two driver pairs and on-axis (45° off-
center) to one of the speaker pairs. It is readily
apparent that the null is greatest ar frequencies
above 2kHz. Also note that this THX Jicensed
dipole (produced by Triad Speakers) obviously
has soine deliberate atlenuation of frequencies
above 10kHz {on-axis to a clriver set), suggesting a
further attempt to create a nonlocalizable sound
source. This extra-high-frequency attenuation is
not necessartly typical of dipoles. Many, such as
the first Snell THXicensed dipole, have frequen-
cy responses flat out to 20kHz without any addi-
tional attenuvation (superfluous for Pro Logic
processors but possibly relevant for AC-3s).

Figure 10.30 shows the response at 0°, 15°, 30°,
and 45°fl-center, indicating that the maximum
null area 15 fairly narrow. Soime dipole surround
speaker manufacturers have added the ability to
switch the drivers back into phase and change
from dipolar to bipolar radiation. A good bipolar
radiation pattern is not necessarily achieved as
easily as flipping the phase of the drivers, howev-
er, and scine well-designed bipole speakers cur-
rently on the market have separate high- and low-
pass sections for the twe driver sets to achieve an
even response at exirente off-axis points. Bipoles
provide mare localization than dipoles, as well as
a diffuse surround field. Some manufacturers
have gone so far as 1o connect the two woofers
bipolar, with only the two tweeters switchable

HOME THEATER
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FIGURE 10.29: Frequency
response curves for a
dipole surround speaker
(nuil axis=solid, on-axis with
left driver pair=dashidat).

FIGURE 10.30: Frequency
response curves for a
dipole surrcund speaker
(null axis=solid, 15° left of
null=dot, 30° left of null=
dash, 45° left of nuil
=dash/dot}.

235




LOUDSPEAKER
DESIGN
COOKBOOK

FIGURE 10.31: Surround EX
speaker layout for a typical
motion picture theater.

FIGURE 10.32: Surround place-
ment for Surround EX in a home
theater system.
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from bipolar to dipolar radiation. This affords
the choice of more or less localization, while also
having normat bass loading for both options.

10.8 SURROUND EX—7.1 CHANNEL DOLBY
DIGITAL.
Dolby/THX Surround EX is a relatively new
enhancement to the Dolby Digital 5.1 standard
and adds two more surrcund channcls to the
back of the theater. The rationale for the new
rear surround in theaters was that the current
array of left/right swround information coming
from the left/right and rear walls of the theater
limited the ability to pinpoint the direction of a

sound effect mixed into the surrounds channels.
Effects were primarily heard to come [rom the
sides of the listener, but lacked spatial cues that
could give the illusion of sounds moving over-
head or from behind the listener. Surround EX in
a theater (see Fig. 10.31) separates the Jeft and
right rear surround speakers that were previously
part of the left and right wall swrround arrays (see
Fig. 1022}, and connects themn to two new ampli-
fier channels clriven by a pro-logic type processor
that derives the left and right rear chanmels from
the discrete left and right surround channels'®.
You now have the same 5.1 channels of discrete
information that is part of the Dolby Digital stan-
dard, but in addition the recording process
includes rear surround infoermation coded into
the left and right surround channels. This is
accomplished in the same manner as the center
channel was decoded from the left/right chan-
nels oy the original Dolby Protogic format. The
tesult is nothing short of spectacular. At the 1999
CES in Las Vegas, Lucas(ilm THX invited me 1o
preview their new Surround EX (SEX?) demo
that was being made to various industry individu-
als prior to the release of Star Wars Episode I—
The Phantom Menace. My thought going into the
demo was that the last thing the home theater-
buying public needs is two more amplifiers and a
room with two more speakers. After viewing and
listening to a very spectacular demno that had heli-
copters flying over my head, a bee buzzing frem
the left side of the rootn to the rear of the roomn,
behind my back and back te the right side ol the
roomm, my only question was “when can T get a
processor for this!”

The setup in a home theater is similar te that
of a movie theater (see Fig. 10.32). 'The current
consensus seems to be that dipote surrounds pro-
vide the best effect and that you need two of
them to really get it right.'> So now, a complete
state of the art home theater will bave 7.] chan-
nels with a front LCR, dipole left and right
dipole (or direct radiator) surrcunds, left and
right rear dipole surrounds, and the LFE sub-
woofer channel. Gone ave the days of two speak-
ers for stereo, and now it’s eight. And not only is
this systemn intended for home theater, 5.1 music
is beginning to make headway, and future music
releases may well somedav il be multichannel
like home theater.

10.9 SUBWOOFERS.

When used for video, subwoofers are called
upon te produce much more than low pedal
lones on a pipe organ or low notes on a sam-
pling synthesizer. Many film special effects are
extremely demanding in the low-frequency
range and include such sounds as explosions,
earthquakes, a jet fighter squadron making a
low-altitude fly-by, and even the footsteps of a
Tyrannosaurus Rex (ury listening to furassic Park
at +105dB!). These effects are not only demand-
ing in terms of spectral content. I'ihn producers
tlead o exaggerate them in the sound wmix to
give thejr work a larger than life teel, which




places even greater demands upon a subwoofer.
As such, the need for long excursion and linear-
ity are even greater than for a woofer intended
only for music reproduction.

The low-frequency specification for video sub-
woofers is —3dB at 30Hz, which is not all that hard
to get out of a moderatesized cabinel. The real
problem is simply excursion and transient capabil-
ity. For this type of application, single sall-diain-
eter woofers (6.5”, 8”, and 10”) are probably best
used in pairs, and any sub with 6.5” drivers should
not be expected to reach high volume levels in
large rooms at any frequency below 50Hz.
Maintaining high SPLs in larger rooms (3,000f%
or more) requires a ninimum of two 12" or 15”
drivers per cabinet.!” Video sub manufacturers
frequently use double 10" and single 12” and 15”
formats for their products. Obviousty, this is all
from the perspective of producing very loud and
credible home theater performances on the order
of what you experience in a veal theater. This 15
not to say that if you really don't listen that loud,
then a good single 8"-10" woofer will certainly
provide good performance.

Regarding placement, there are several good
criteria for subwoofers. The easiest and probably
best location for a home theater subwoofer is in a
corner adjoining the LCR array. The corner loca-
tion allows the woofer to coupte to the maximuwn
number of boundaries in the room and provides
substantial “gain” over placement locations along
a wall or away from a wall. In this location, a sin-
gle sub can virtally outperform multiple subs in
different non<orner locations®,

If the corner location doesn’t sound “right” and
seems too robust (“oomy”) even when you adjust
the levels, try moving it along the wall leading
toward the listening area until things begin to
sound right. If this proves unsuccessful, try locat-
ing your woofer in the center of your listening
position, then walk round your room until you
locate a position that seems to deliver the best
bottom end performance®. Once located, place
the subwoofer in that location and lisien again to
the result.
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CHAPTER ELEVEN

CAR AUDIO
LOUDSPEAKERS

11.1 CAR AUDIO LOUDSPEAKERS vs.
HOME LOUDSPEAKERS.
With any loudspeaker category, be it home the-
ater, two-channel, pro sound, or car audio, the
application dictates the nature of the design. Car
audio installations present a unique challenge and
place the speaker bujlder in an alimost acoustically
“hostile” environment. Designing speakers for
cars can literally be described as fitting small
boxes inside slightly larger boxes!

The most frequently asked questions I have
encountered over the last several years, when lec-
turing before groups of car audio installers, per-
tain to the relevancy of Thiele/Small parameters
in the design of woofer enclosures, and how to
create the kind of center-channel imaging found in
high-quality home systems. In this chapter T will
address some of the primary issues involved when
installing hi-fi loudspeakers in automebiles.

11.2 CLOSED-FIELD vs. FREE-FIELD
ACOUSTIC SPACE.

When a loudspeaker is in a large, open acoustic
space, such as suspended from a cable 50" in mid
air, there are no boundaries to cause retlections.
The frequency response measuremenl will repre-
sent only the drivers and the enclosure. This
acoustic situation defines the tern “freefield.” or
anechaoic environment, as discussed in Chapler 8,
Section 8.8,

Any enclosed area wheve sound energy is propa-
gated is an acoustic space, which can be loosely
divided into two categories. A large acoustic space
includes a colisewn or auditorium, while a small
acoustic space can range from a music recording
studio or home listering room to the extreme of
the rocm size spectrum, the passenger compat-
ment of a 348 Ferrari. All are examples of closed
fields. As an enclosed room size decreases, and
the dimensions of the space dimninish in compari-
son to the sound wavelength being reproduced,
the room response becomes dominated by stand-
ing waves, veflections, and boundary effects. With
rooms the size of the average autoruobile com-
partment, the acoustics can be described as a
“lossy” pressure field.}

A perfect pressure field would have rigid walls
which would not transinit sound vibration (such as
ones made of 12-inch-thick concrete). But cars
have thin steel walls that {lex and vibrate, hence
the term “lossy.” In a perfect presswe field, low-
frequency SPL level would be constant; however,
because soime sections of the car body move more
than others, an uncontrollable variation (5-6dB)
in low-frequency SPL will exist. This is an acoustic
alfectation of autornobiles of which to be aware.

The acoustic consequence of a speaker placed

Mr. Pablapa

in a pressure field is the addition of enorinous
reinforcement or lift to the low-frequency part of
the spectrum. To put this in perspective, rooms
the size of the average home listening room
(1,200~ 1,5000%) will get 3-5dB of lift at 20Hz. Ina
car, however, this modest bass lift is considerably
exaggerated. This aspect of loudspeaker design is
one many people attempting to build a woofer
enciosure for an automobile find confusing.
Thiele/Small predictions, whether made using
this book and a hand calculator or with a comnput-
er program, are really very accurate, but are based
on free-field performance. They do not take into
account the effects of the acoustic sitnation in
which the speaker wil be placed.

11.3 EFFECTS ON LOW-FREQUENCY
PERFORMANCE OF WOOFERS IN
CLOSED FIELDS.

The way in whicl a closed field changes loud-
speaker performance can be determined by mak-
ing a few simple measurements. The operating
parameters of interest in a loudspeaker are imped-
ance, excursion, and frequency response, I we
know how these change going from a free field
inw a small, “lossy” pressure fietd, we can under-
stand how 1o deal rationally with T/S parameters
and box design.

Figure 11.] shows the impedance of a vented
speaker measured in a free-field environment.
When the samie speaker is placed inside the com-
partment of a small hatchback (a Nissan 2405X)
with about 110ft* of volume, and the impedance
curve repeated and overlaid with the [ree-field
impedance curve, the resutt can be seen in Fig:
11.2. Obviously, there is no change, and the closed
field for all practical purposes has no effect on
the speaker’s impedance. Since driver Q) is often
calculated from impedance, it is safe to assume
that (. and hox Qs also remain unchanged in a
closed field.

Cone excursion, which is directly related to
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FIGURE 11.1: Free-field

impedance of a venled
loudspeaker.
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FIGURE 11.2: Comparison of free-field impedance {solid)
with closed-field impedance {dot).
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FIGURE 11.3: Simulated free-field cone excursion curve.
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FIGURE 11.4: Measured free-field cone excursion curve.
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FIGURE 11.5: Comparison of measured free-field excur-
sion curve lo closed-field excursion curve.

Uagnitude > S#end Pressure Lovel < Phase »)

N I B |
BN 11

T Freguency w 209

FIGURE 11.6: Free-field groundplane frequency response
measurement of speaker in Fig. 11.1.
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FIGURE 11.7: Comparison of free-field response in Fig.
1.6 wilh closed-field frequency response.

power handling and distortion, is a very impos-
tant aspect of loudspeaker performance. Figure
1.3 15 a LEAP simulauon of a cone excursion
curve for a Kenwood HQW3G0 127 car sub-
woofer mounted in a small sealed enclosure, [
attached a piezoelectric accelerometer similar to
the one described in Chapter 8 (o the wooler
cong, and used a LinearX LMS analyzer o mea-
sure the acceleration curve of Lthe speaker in a
[ree-field acoustic space. Dividing by radian fre-
quency twice, [ converted this o a cone excur-
sion curve (uncalibrated), as depicted in Fog.
[1.4. Since this looked reasonably like a valid
excursion measurement, [ proceeded o replace
the woofer in the 110ft¥ car compariment,
remeasured the cone acceleration, and converted

this to cone excursion. figure /1.5 shows the
comparison of the oviginal free-(icld excursion
curve with the closed-field curve, again demon-
strating that the closed field has no effect on this
aspect ol woofer performance. So far, the T/S
prectictions of box (¢ and cxcursion appear valid
(or Targe or small acoustic spaces.

The last aspect ol operationel performance,
and the easiest one for most people 10 relate to,
is frequency vesponse. figuse 11.6 shows the Tree-
field groundplane frequency response ol the
same 6.57 vented box wooler vsed o measure
impedance. ([ used the 127 wooler (or the accel-
cration test, because the mass ol the wooler cone
was greal compared to that of the piezo
accelerometer; thus, the accelerometer mass
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FIGURE 11.8: Computer simulation of closed-field
response for a sealed box woofer.

FIGURE 11.9: Computer simulation of closed-field
response for a vented box wooler.
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FIGURE 11.10; Comparison of {ree-field and closed-field
frequency response measurements of speaker used for
closed-field simulation in Fig. 11.8.
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FIGURE 11.11: Comparison of free-field and closed-lieid
irequency response measurements of speaker used lor
closed-field simulation in Fig.71.9.

would not alfect the woofer’s performance.) You
would get this kind ol picture-perfect perfor-
mance graph from a T/S computer program,
and, indeed, they would be almost indistinguish-
able. Once this woofer and vented bex conbina-
tion is placed in the 110[¢* car comparument, the
result is radically different from the [ree-field
response. The [requency response graph depict-
ed in fig. 117 (a computed average of several
mike locations in and around the driver seat)
shows the response in the car, sometimes
referred 1o as the car’s wansfer function (minus
the driver response), and has perhaps 7 or 8dB
additional lift in the 40-5011z region and an
enarmous 20dB boost at 20Hz. When you con-
sider the amplifier headroom and dynamic range
required to provice 20dB of boost at 20Hz elec-
ronically, this is nothing short of spectacular.

From these threc experimental ieasurements,
we can conclude that the car volume changes
only the driver SPL. While it means the predict-
ed f, and response shape obtained from a /5
design workup is totally out the window, you can
still rely on the other aspects, such as damping
anc! cone excursion, as accurale.

11.4 COMPUTER SIMULATION OF
CLOSED-FIELD PERFORMANCE.

To fully understand the implications of the SPL

changes made by the car's transfer [unction on

the free-field driver/box wansfer function, it
would help to look at the ellect differentsized car
comparuients have on vavious types ol enclo-
sures, each having distinct rollofl frequencies
and slopes.  Doing this empirically by building a
battery of different woofer boxes and measuring
them m car compartments ranging in size from a
Toyota MR-2 to a Dodge Caravan would be a [air-
ly invoived task. Forwmately, the LinemwX LEAP
software has & closec-field prediction option
built into its Quick Cabinet box design subrou-
tine. It is capable of giving a faitly good represen-
tation of the SPL changes resulting from a closed
ficld. (AL the ume of publication, LinearX's
LEAP was the only software available on the mar-
ket which could perform tlus closed-field simula-
tion function; however, another program,
TermPro, allows the user 1o produce a measured
car wansfer function for a particular automobile
and overlay this on different box calculations.)
LEAP's Quick Cabinet is not the main analysis
mode, but a separate T/5-like calewlator pro-
gram. (The main routine is more complex and
has a number of frequency-dependent variables
not found in the T/S (ourth-order model.) The
program offers the choice of designing a box for
a selected sct ol wooler paramelers in either a
free-licld or closcd-field acoustic space. The
closed-Neld selection allows you Lo specify the
volume of the enclosed space and any leakage
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factor, such as that caused by roling <lown a win-
dow or opening a door.

To verify the accuracy of this prediction, I used
two different speakers: a 4" wooler in a small
sealed enclosure, having an anechoic response of
—3dB alL 100Hz, and an 8" woofer in a vented
box, with a -3dB frequency of 29Hz. This would
provide two response profiles, a sealed box with
a high rolloff and shallow slope and a vented box
with a low rolloff frequency and steep slope, Lo
test the closed-field effects on the bottom two
ocraves,

The Quick Cabinet closedfield predictions for
the 1100t Nissan 240SX compartment (zero leak-
age) using the 4” sealed box speaker are provided

in fig. 11.8; Fig. 11.9 shows them for the 8" vent-
ed box. The actual measurements of the two
enclosures’ anechoic responses compared to the
in-car measurciments arve given in figs. 1/, 10 and
1111, respectively. For the purposes of this
demonstration, I positioned the mike facing for-
ward in the driver seat at head height, with the
woofer al the extreme rear position {a typical
location for a car subwoofer).

As vou can see, the correlation between Lhe
LEAP prediction and the actual measurement is
reasonably good. In the case of the 47 driver, the
actual measurement had Lwo major standing
wave modes at 80Hz and 190Hz, which caused
dips in the response, The prediction of the
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response as down about —12dB, though, com-
pares favorably with the actual measurement’s
indication of
—11dB down at 20Hz. For the 87 driver, the com-
puter simulation in fig. [1.9 shows a peak in
response centered on 40Hz, with a depression
centered on about 90Hz. This also compaves well
with the shape measured in Fig. 1111 While the
predictions do not take into account the standing
wave modces in the compartment, the Quick
Cabinet simulations provide a sufficiently good
picture of the approximate closed-field response
shape, and are close enough to measured reality
to draw some general conclusions,

Given that the cormnputer depictions are at least

in the ballpark of what happens acousticaily in a
closed field, the following simulations will give
you a good idea of the effects of different car vol-
umes on various types of enclosuves. I derived
this short study using fowr types of woofer enclo-
sure: sealed, vented, sealed rear chamber band-
pass, and vented rear chanber bandpass, The car
compariments ranged (tom 55 to 300f%. Each
enclosure type has over-damped, critically
damped, and under-damped alignments. For a
sealed box, this would be equivalent to a set of
curves for a box Q. of 0.5 (over-damped), 0.7
{critically damped), and 1.1+ {under-damped).
Tor a vented box, this would represent a Sub-
Chebychev/Bessel alignment (over-damped), a
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B, alignment (critically damped), and an
extended bass shelf alignment {under-damped).
(Extended Dass shelf is a class of alignment used
in the LEAP software to describe a large, low-tun-
ing frequency venied box whose corner frequen-
¢y SPL level is lower than the diiver's nominal
SPL.) Banclpass exainples use three efficiency
bandwidth tradeolfs giving a narrow
high-efficiency, medium bandwidth, medium
efficiency, and wide bandwidth (lower ;) Tow-
efficiency.

The car volumes for each alignment set start at
55£% (a small twoseater such as a Toyota MR-2),
700* (an import pickup), L10f1* (a Toyota Canary

or Honda Accord), 180ft? (a Cadillac or Lincoln
TownCar), and 300fc® (the average minivan).
{Acoustic volume for an automobile is racher dif-
ficult to determine, not only because of the
unusual shapes and contours, but because the
actual volume is probably somewhat [requency
dependent. For instance, at low frequencies the
barrier between a trunk area and main compart-
ment in a sedan or coupe, which is separated by
the back seat upholstery, is mostly wansparent.)
The four different curve sets tor the series of
woofer enclosures are numbered as shown in
Figs. 11.12-11.35 (€55 are for the nominally
damped example in the three-aligninent set).
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A number of general conclusions can be made
from this series of smulations. For the sealed
box sct, it is obviaus that a fairly flat and even
response down to 10Hz can be obtained from a
slightly over-amped wooler with a fairly high
rollofC. This observation is somewhat substantiat-
ed by 2 current industry tend (o use farly large-
diameter (107 and 127}, low-Q) woolers which nor-
mally would have served as targer vented boxes in
sinall sealed boxes. Low-Q, woolers (Q, = 0.15-
0.25) placed in small sealed enclosures produce
not only an accurate and even (requency
response hut also relatively high power handling
(if the suspension systewa can handle the pnew-

natic forces at high volumes}), and, even more
important, a snall, easy to locate box volume.
The vented box examples show how the lower
the enclosure’s f; and the smaller the car volume,
the more radical the low-[requency boost. In Fig.
11,17, the bass shell atignment, which has an ane-
choic £,=30Hz, yields a nealy 8dB peak centered
on 401& The result is exagperaled emphasis on
bass guitar and kick drum program material,
and probably accounts for the typical one-note
bass phenomenon so common in automobiles
with low-fy subwoofers. If you want exaggerated
hotlom en(l this of coursc 1s the answer. Another
point of view, however, is 1o equalize this 40Hz
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distortion at high volume levels.

A similar chservation can be made of both
bandpass-type alignments. Here it is obviously
difficult, if not impossible, to rely on the band-
pass shape as part of the crossover, as is often
achieved in home speaker design. About all you
can do in this regard is measure the response in
the car and werk cul the network design accord-
ingly; hawever, the low-frequency performance
conclusion for the bandpass examples is about
the same as for a vented speaker. The lower the
f3, the more exaggerated the bass lift. In Fig.
11.27, the 18Hz f; of the vented bandpass enclo-
sure in the 35 car compartment (which is prob-
ably physically impossible unless the enclosure is
mounted on the roof} has almost 20dB of lift at
20Hz and nearly 12dB at 20Hz in a 300ft* space.

If you know ahead of time what the acoustic
effect of the car volume will be on the speaker’s
response (in other words, you have some idea of
the transfer function of the car's acoustic
response), theri it is much easier to take advan-
tage of the T/S box design technique. A closed-
field compuler simutation, such as the LEAP
software, is certainly a valuable tool. Even taking
a response measurenent of a known speaker in
an unknown volume before starting the design
process can give you a good indication of what to
expect.

11.5 DESIGNING FOR CENTER-CHANNEL
IMAGE PERFORMANCE.

Phantom-image center-channel performance has
alinost become a fetish in high-end home loud-
speakers, where a particular speaker’s merits are
largely judged by the height, width, depth, and
focus of its image® and by overall soundstage
guality. The ability 1o locate musicians playing on
a stage is, of course, the iniriguing aspect of
stereo. 1 don't think this sonic ability is impor-
tant to anyene whose lifesiyle does not readily
facilitate sitting in one position long encugh to
fully enjoy such a phencinencn (unless you hap-
pen to belong to the group of enthusiasts tradi-
tionally referred to as “audiopliles”).

When doing time on a grid-locked freeway,
however, few options exist other than sitting in a
fixed position and listening to music. So a good

center-channel image as part of the sound in a
car is truly an outstanding experience. Center-
channel imaging is also an important factor in
judging car audio sound systems for events such
as the IASCA competitions (in accordance with
the 1993 IASCA rulebook). Unfortunately, the
average automobile’s acoustic environment
makes performing this sonic trick more than a lit-
tle difficult.

Understanding how to enhance image capabili-
ty in the car acoustic envirommnent starts with
an awareness of the design criteria employed
to enhance a home loudspeaker’s spaual image
quality. Some aspects of design which help create
good image quality in a home loudspeaker are:

I. Locate the listener equidistant froin the two
speakers, with the speakers ahout 6-8" apart.
[rom the listener to the speakers, the distance
should be such that the area between the speakers
creates an angle of about 60° with respect to the
listener.

2. For any given frequency range, use no more
than one driver, especially with tweeters.
Subwoofers below 80-100Hz are an exception, as
are multipte woofer/midranges in symmetrical
arrays {mid/ tweeter/rid).

3. Carefully match response curves for each
speaker in the stereo pair. They should be as
close to identical as possible.

If we adapt this criteria to the car compart-
ment, we have a sct of generic rules which can be
used to enhance image performance:

1. The main speakers, which produce the
abeve-100Hz informauon, need to be in front of
the listener in order to produce a good center
stage image.>! This means rear deck full-range
speakers are out, as they can produce a good dif
fuse overall sound quality but not good iinaging.

2. The best imaging is generally produced
using a two-way satellite for each channel, one
midbass driver and one tweeter, imnounted in
close proximity. {Three-way configurations, while
possible, usuaily requive too nwch “real estate” to
be practical.) Multiple mids and tweeters placed
n diffevent locations only confuse and destroy
any possibiliL;' of creating a phantom center-chan-
nel image 56

There is one trick in car audio to control image
that you alimost never see in the home market.
Hoeme speakers always have tweeters located very
close to mid range producing drivers. However,
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the truth is that the ear locates sound primarily
by high frequencies. This ts why the dipole type
speaker is used in home theater surrounds. With
two tweeters operating out of phase, it produces
a response null in the listening area and helps
provide more diffuse and less localizing sound
from the speaker. This acoustic phenomenon can
also be taken advantage of in car audio installa-
tions. Instead of tocating tweeters and mid
woofers close to each other in a door or kick
panel location, tweeters can be located by them-
selves in a dash corner near the junction of the
windshield and the dash (the hest windshield
angle for imaging is, according to a stucy done
by engineers aL Harman-Motive [OEM car guys
from the company who gives you JBL and
Infinity] is something greater than 55°).%
Mid/bass drivers can be located in a door panel
(typical factory door panel installations are near
the bottom {ront of the door} or in a kick panel
location. With a setup like this, the center image
is excellent and ptaced high, usually above the
dashboard as opposed to helow the dash for kick
panel locations. This easy technique is frequently
used in f{actory installations. In fact my last two
cars, a Mitsubishi Eclipse and an Acura CL, both
had tweeters installed in this fashion with 5.257
woolers in the lower door panel location, and
imaging was excellent in hoth cars.

3. The muidrange and tweeter drivers operat:
ing above 100Hz should be positioned as
equidistant as feasible from the lisieners. Three
possible locations for mounting drivers in the
front section usually include the doors, the dash,
or the kick panels. Figures 11.36-11.38 show the
approximate relative distances for each of these
situations.” As you can see, the closest 1o equidis-
tant mounting is in the corner kick panel, below
the dash. Although this location may seem too
low to provide the correct image height, the
result is more than acceptable. The major draw-
back is thar it usually requires custom plastic-
molded kick panels which allow the drivers to be
mounted at angles, so the sound is aimed toward
the listening area.

4. Localing subwoofers in the [ront of the car
so the center channel images properly at low fie-
quencies is not necessary. Below 80-100Hz, the
human ear has difficulty localing the direction
frorn which sound is emanating. The brain tends
to assign low frequencies to the same location it
senses the high frequency is coming from, which
in this case is the front of the car compart-
ment. '™ Subwooler low-pass networks, active
or passive, at 80-100Hz should have at teast a
fourth-order acoustic slope. This will provide the
maxinnn auenuation of upper frequencies,
which give spatial clues as to the wooler’s physi-
cal locatien. The best place for subwooters is also
the most practical: the rear deck near the trunk
avea (Fig. 11.39). Although front-seat subs ave
available, they are generally not required for
imaging purposcs.

The overali system design resulting from these
criteria would took a lot like the system pictured

in-Dash Tweeters
341" Typical

Door Mount
Midbass Driver
5.25"-6.5" Typical

Rear Deck Subwoofers
8"-12" Typical Dual Woolers
or Single Dual VC Woofer

in Fg. 11.40: Typically biamped elecironics (usu-
ally two stereo amps and an electronic crossover)
with a single DVC (dual voice coil) subwoofer or
two suhwoofers as depicted with a low-pass
18dB/ octave 80-100Hz crossover for the bot-
tom end. The satellites would have 5.25” or 6.5”
woofers located in the door paiels with %"-1”
dome tweeters located in the dash corners and
using a passive crossover. While this setup is only
one of several good formats that will provide a
good front-center image, when done correctly it
i1s probably as easy an after-market layout to apply
as there is.

At the rime of publication, multichannel music
DVD has not impacted the car audio market in
any significant way. However, I would expect as
this format begins 1o take held for home loud-
speakers (basically, your home theater type sys-
tem), you will begin to see multichannel car sys-
tems with left, right, and center speakers with
rear surround speakers in high performarnce car
audio systems,

For more information on transducer locations
and overall evaluation of speakers in cars, check
out the following:

» . Granier, "Comparing and Optinizing Audic
Systems in Cars,” 100™ AES Convention, May
1996, preprint no. 4283,

* D. Mikal, "Subjective Evaluations of Auto-
motive Audio Systemns,” 101 AES Convention,
Novemker 1996, preprint no. 4540.

¢ A Tarina and E. Ugolotd, "Automatic Measure-
ment System for Car Audio Applications,” 104
AES Convention, May 1998, preprint no. 46592

11.6 NOISE CONTROL.

One of the most ofien overlooked mcethods for
improving automobile sound quality is noise
reduction (except [or contest participants, who
go 1o absolute extremes to deaden the noise lev-
els of their cars). Amnbient background noise
levels in cars are quite high compared o home
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listening situations, and greatly detract from
sound system fidelity. Recent developments in
noise cancellation technology suggest the use of
microphones to sample ambient noise Jevels, fol-
lowed by DSP circuits which produce an oppo-
site-phase signal to be broadcast into the car
compartment to lower noise levels.”? A more
practical method is to employ the same exten-
sional damping techniques used to reduce
vibration in wooden speaker enclosures.
Removing cosmetic panels on doors and other
locations and applying damping material, such
as “QQ" panels (selt-adhesive bituminous felt pan-
els used by auto body shops!?), will reduce
extraneous noise vibration and quiet the car
compartment considerably. A sound level meter
is helptul in tracking down other disturbing
noises, such as air leaks through the firewall,
which can be plugged with caulk or silicone.
Since every car is diffevent, tracking down
squeaks and rattles requires a bit of creative
sound sleuthing, but is well worth the effort.
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CHAPTER TWELVE

TWO SYSTEM DESIGNS:
HOME THEATER AND
A STUDIO MONITOR

At the reguest of my publisher and good friend,
Id Dell, CEO of Audio Amateur Corp., this edi-
tion of the LDC includes a comprehensive system-
design tutorial. The idea is that the tutorial will
give the reader a good idea of how all the ele-
ments discussed in this book are brought together
to produce truly competent completed designs.
While the discussion that (ollows will provide con-
siderable insight into the process, it does not have
the depth of tutorial analysis presented in the com-
panion volume to the LDC, Loudspeaker Recipes: 1,
mostly because doing so would take more space
than is practical for this volume. If you are interest-
ed in increasing your understanding of the loud-
speaker system-cesign process beyond this latest
edition of the LDC, Loudspeaker Recipes: 1 is a good
place to start.

[ decided to produce two designs for this chap-
ter: a complete home theater system, including the
leficenter-right (LCR), the surrounds, and a pow-
ered subwoofer; plus a studio monitor. The studio
monitor is really just a high-end two-way that
would work as well in a studio as it would as a
high-end monitor in a two-channel music systen.
Actually, I needed a new monitor for my own
recording efforts {[ am also an amateur song
writer and musician), and this speaker was already
being designed when [ started to update this edi-
tion of the LDC, so [ included it as an example of
a well-lesigned two-channel project.

These designs are not simply DIY projects for
tbe amateur, but are pre-production prototypes for
a system that could easily be implemented for
manufacwring. This work is not different than any
of the work [ do for my manufacturing customers
in my consulting business, and over the last several
years, my designs have received a substantial num-
ber of excellent reviews froin the audio press.
And, like all my other work, it was designed exclu-
sively using the LinearX LEAT simulation sofiware
and LMS analyzer. A note of caution, however: this
material is both copyrighted and trademarked, so
it’s probably not a good idea to 1y to put these
products into production witbout negotiating a
license from the author.

12.10 THE LDC6 HOME THEATER SYSTEM.

Both systems in this design tutorial were done in
conjunction with my friends at Parts Express
(www.partsexpress.com), so assembling parts, dri-
vers, and cabinets for this project—if you care to
duplicate it for your own use—can be done from a
single source if you like. Because of this, dviver
choices were linited by the selection available
from Parts Express, but since this company

Mr. Pablapa

offers a very broad range of products, it was in no
way a handicap.

A home theater system’s principal loudspeakers
are the LCR, lefi/center/right channel speakers,
which ideally should have the exact same drivers to
maintain identical timbre content for the front side
of a home theater system (see Chapter 10 for more
complete criteria). The rest of the system consists
of the left and right surround speakers (similar
timbre is also a good idea here), and a subsweofer
if the rest of the speakers are not full-range, which
describes most home theater systems. Further, the
subwoofer is generally powered, so the subwoofer
in this project included a new 250W amp [rom
Parts Express.

12.20 THE LEFT/RIGHT FRONT-CHANNEL
SPEAKERS.

The LRs and the CTR for this system use the same

drivers. My choices were the Audax AP130Z0

shielded 5.25" woofers and the Morel MDT 40

neodymium 17 cloth dome tiveeters.

12.21 THE WOOFERS.
Audax’s AP13020 woofer is a [aitly recent offering
and mcorporates a lot of feawres that veflect the
recent modernization of the company’s plant. I vis-
ited Audax for the grand opening of their new
plant in Tour, France {(described m the June 1999
issue of Voice Coil) and saw this driver being pro-
duced. The AP130Z0 is buill on a very good-look-
ing injection-molded polymer frame that, when
recessed, looks a lot like a powder<oated cast alu-
minum fratne.

Plastic frames ave ideal [or
home theater products, be-
cause you get rid of the extra
flux leakage that is caused when
the typical steel frame wicks Lhe
field away from the motor sys-
tem, Using the polymer frame
potentially provides somewhat
better shtelding when you place
the speaker near divecl-view
screens, but this, of course, still
requires a bucking magnet and
shielding cup over the maotor
assembly. Other featuves for this
525" woofer are an H.D.A. cone,
rubber surround, 17 diamneter
aluminum voice-coil former, flat
spider, and soft PVC dustcap (for
a veview of this Audax woofer,
see the Vowe Cod Test Beneh col-
umn, May 1999).
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Since both speaker projects in this chapter are

quency response data measured. I began this

DESIGN designed using the LEAP simulation software,  process using the LinearX LMS analyzer to mea-
COOKBOOK each driver must have both impedance and fre-  sure the Audax AP130Z0 freeair and delia com-
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FIGURE 12.1: LR woofer free-air impedance plo,

FIGURE 12.5: LR woofers on- and off-axis frequency response

(solid = 0°; dot = 30°).
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FIGURE 12.2: LR wooler box simulation {solid = 2.83V; dot = 7V).
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FIGURE 12.6: LR woofers full-range anechoic frequency

response.
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FIGURE 12.3. Group-delay curve for the 2.83V curve in Fig. 12.2.

FIGURE 12.7: LR woolers in-box impedance plot.
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TABLE 12.1 age living room. This is also a fullrange simula- TWO SYSTEM

AUDAX AP130Z0 PARAMETERS tion, and virtually all home theater receivers and DESIGNS
preamps include a second-order high-pass for

1% g';gHz LCRs and surrounds usually at §0-100Hz, fur-
EVC 2'11 ther increasing the excursion capability of this
Quis 0'54 driver (these satellites are not designed for the
Q,‘ 0' 49 “wide” setting on home theater electronics).
VTS 7'51[1_ Next, I mounted the parallel-connected
Biks 49 TM woolfers in the cabinet designed lor the LRs (see
Sens 8;7 2dB @ 2.83V the cabinet section below for details) and mea-
X\;,\.s( 2.5mm - sured the 2.83V/1m frequency response at 0 and

30° from 300-40kHz using the gated sine-wave
feature of the LMS analyzer (Fig. 12.5). The
pliance {test box) impedance, with the free-air  response is smooth and even up to about 3kHz,
impedance shown in Fig. 12.1. I transported this  more than sufficient for a 3kHz crossover [re-
data into the LinearX LEAP software and calcu-  quency. I also measured the one-meter ground-
lated the parameters as shown in Table 12.1 (this  plane vesponse from 20-500Hz (not shown) and
data is for a typical driver out of the batch used  spliced that o the gated anechoic measurement
for this home theater system). in fig. 12.5, resulting in the fullrange anechoic

Using the analysis mode in LEAP, I deter-  response displayed in Fig. 12.6.
mined that a 0.31{&* box would provide an f30of  The nextstep is to tailcorrect the high-pass and
81.5Hz with a box Q- of 0.83, which is ideal for  low-pass slopes to their nominal asyinptotic value,
a home theater satellite. Figrre 12.2 shows the  which is 12dB/octave for both. The LMS caleulat-
LEAP box simulation in a 0.31f% box with 100% ed phase generated for a tailcorrected magnitude
fiberglass fill material at both 283V and 7V (see  response is extremely accurate (it would require a
Fig: 12.3 for the 2.83V group-lelay curve and Fig.  two-channel sine-wave analyzer in an anechoic
12.4 for the 7V excursion curve), and the voltage  chamber to produce phase data as accurate as
required to increase the excursion lo Xy, +  this). Validity of this method will be apparent
15%. Xyyax + 15% represents the driver's maxi-  later in this tutorial by the accuracy of the LEAP
mum linear excursion limit that procuces thresh-  crossover simulations that are dependent upon
old distortion. quality phase dawa to produce accurate driver

The output at the 7V level is 100dB, which is  summations in a multi-way system design. The
adequate for a home theater speaker in the aver-  final data required for the LEAP simutation 1s the

B [
gsd x

PORIaY, 10uF 2 Ohm 15uF
. | oW
I
Ll = h
: 0.10 mH
o8 | (0.17 Ohms)

| | N 0.7mH +
N TR 1 S S N A B 3 N4 I Ny 0.38 Onms) :b
; [ '1 "
1
|

Morel

i | | ] isuf HOT a0
it | | 1 1 + +
- | { 1 Twealer
s fr, = 3 . ! ! | — | | S ..-.|__._...:_ 5 Ohms

0%

I O O 222 [

I !
3e8 Frequendy Mz 40k Audax API0I0 5.25" woolers

33

FIGURE 12.9: L® iweeter on- and off-axis frequency response FIGURE 12.11: LR/CTR crossover schemalic.
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impedance of both woofers (connected in paral
lel) mounted in the enclosure {Fig. 12.7).

12.22 THE TWEETER.

The Morel MDT 40 is a very well-configured
neodymium cloth dome chosen because of its
small footprint (space it takes up on the front baf-
fle), efficiency that would match up to the pro-
Jjected 87-88dB system efficiency from the Audax
AP130Z) woofers, and overall quality. Morel
makes outstanding products, and the MDT 40 is
an excellent neo tweeter that has the added
advantage of having a vented magnet and cavity,
which is unusual for a small neo tweeter. This
tweeter also uses the Morel hexatech aluminum
voice-coil technolegy that results in excellent

power handling for this type of device. The main
reason, however, o use the MDT 40 is the small
faceplate size that is necessary to place the center-
channel woofers as close together as possible,
which will be explained later in the CTR section.

The first step is to measure the tweeter's imped-
ance (Fig. 12.8). As you can see, the 700Hz primna-
1y resorance of this device is really low for a small
neo tweeter, which will mean virwally no interac-
tion with the erossover that is planned to occur at
3kHz.

Next, I mounted the tweeter in the protolype
LR cabinet along with two AP130Z0s. The
2.83V/1m gated sine-wave response curves taken
at 0 and 30° off-axis are given in Fg 12.9. While
the response has a rise cenrered on 2.3kHz, the
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FIGURE 12.13: Transfer functions for networks simulated in
Fig. 12.12 (solid = wooler; dot = tweeter).
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FIGURE 12.16: LR simulaled on-axis summation, wooler,
tweeter, and reverse phase summation (solid = on-axis
summation; dot = woofer; dash = tweeter; dash/dot = reverse
phase summation).
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FIGURE 12.14: Impedance magnilude for nelworks simulated in
Fig. 12.12 (solid = wooler; dol = tweeter),

FIGURE 12.17: Computer-simulated system impedance plot.
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response above about 2.8kHz is very even with
no major anomalies. Off-axis is pretty typical of
any 17 cloth dome tweeter. As with all LMS-gen-
erated curves, these must be “tail corrected” and
the phase response calculated {the phase calcula-
tion step actually occurs during the import
process in the LEAP software).

12.23 THE CROSSOVER SIMULATION.

I then imported the data just produced into
the LinearX LEAP software. Each driver response
has three curves that are loaded into a driver
enuy in LEAP: an on-axis magniude and phase,
a 30° off-axis magnitude and phase, and an
impedance magnitude and phase. All three
curves are in the 10Hz-40kHz range. Figure 12.10
displays the on-axis response for the two parallel
Audax woofers and the Mcrel nec tweeter.

From this you can see that making the Audax
woofers measure flat will require a crossover
knee at about 150Hz and at the crossover fre-
quency at 3kHz, which I used for a primary
crosscver frequency for twe reasens. First, -3dB
from 0-30° for the Audax AP130Z0 woofers
cceurs at about 4kHz, which means you could
probably maintain a smooth offaxis at 30° and
beyond at thus high a crossover. However, the dri-
ver akso exhibits a depression between 3-4kHz,
which would likely become partially part of the
on-axis response variations, so to avoid this, 1
chose 3kHz (for more in-depth explanation about
how crosscver frequencies are determined, see

Chapter 1, Loudspeaker Recipes). The final SPL for
the woofer section should then be about
88-89dB, which although almost too high for the
tweeter, simply means that the tweeter will not
require much attenuation.

Since 1 have had much experience with
crossover design, the process for me is pretty
straightforward, and it is beyond the scope of this
chapter to explain all the reasons for choosing a
particular network topography (this is why 1
wrote Loudspeaker Recipes). The network topogra-
phy that works for about 95% of all twa-way
designs you will ever encounter i3 shown in Fig.
12.11, a second-order topography on the weofer
and a third-order tepography on the tweeter.
This allows the computer optimization of fourth-
order Linkwitz-Riley high-pass and low-pass tar-
gets for both drivers. However, depending on the
interdriver time delay, which is a differential 87us
from the Audax woofer voice coil o the Morel
tweeter voice coil, these slopes never end up
being symmetrical.

This was part of the story I put into the
Loudspeaker Recipes book, using four discrete
design examples Lo illustrate the different
methodolegies for achieving a flat summation
using non-coincident drivers. As such,
Loudspeaker Recipes is not just four construction
projects, but a coherent story that flows from
one design to another, demonstrating the various
methodologies available to the designer.

However, generally speaking, you end up with

SPLys Freq

FIGURE 12.19: Measured LR horizontal on- and off-axis
fraquency response (solid = 0°; dot = 15°; dash = 30°).

FIGURE 12.21: Measured LR vertical on- and off-axis frequency
response (solid = 0°; dot = 15° up; dash = 30° up; dash/dot =
15° down; dash/dotdot = 30° down).
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FIGURE 12.20: Measured LR horizontal on- and off-axis FIGURE 12.22: Comparison of 15° curves in Fig. 12.21 (solid = 0%,
frequency response 1o 60° (solid = 0°; dot = 15°%, dash=30°,  dot = 157 up; dash/dol = 15° down).
dash/dol = 45°; dash/dotdot = 50°). 253
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a shallower slope on the woofer and a fourth-
order target stope on the tweeter (to maintain
minimum excursion and increase power han-
dling). This asymmetrical slope actually compen-
sates for the interdriver time delay (again, this is
explained in excruciating detail with pages of
examples in Loudspecher Recipes) and results in a
flat summation. Note that what appears to be a
CR conjugate on the woofer circuit is actually
what is commonly referved to as a “Zobel” type
cireuit (but not by me; [ refer to this type of CR
and LCR circuit as a conjugate, which more accu-
rately describes its function).

In other words, I didn’t use LEAP and a
“Zobel” to flatten the impedance belore 1 added
the second-order filter. That is the wrong way of

thinking about computer-optimized crossover
design. I used that particular topography to
manipulate the network-voltage transfer function
so it would combine with the woofer-acoustic
transfer function to produce the desired target
transfer function. It's all a matter of mindset.

The results of the LEAP optimization (Fig.
12.12) show both woofer and tweeter connected
to the simulated low-pass and high-pass filters
described in the network diagram in Fg 12.11.
The final crossover frequency turned out to be
about 3.2kHz. The transfer functions for these
filters {Fig. 12.13) show a fairly shallow one for
the tweeter and a dual break-point transfer func-
tion for the wooler. While I earlier suggested the
final optimization would be around 150Hz and

FIGURE 12.23: Comparison of 30° curves in Fig. 12.21 {solid =
0°; dash = 30° up; dash/doidot = 30° down).

'éitl.f

FIGURE 12.26: Comparison of measured LR on-axis frequency
response and computer-simulated on-axis response (solid =

measured LR; dot = simulated LR).

FIGURE 12.24: Comparison of both LR prototypes (LR1 = solid;
LR2 = dot).

FIGURE 12,27: Comparison of measured LR system imped-
ance and computer-simulated system impedance (solid =
measured system impedance; dol = simulaled system
impedance).

impedance vs Freq

FIGURE 12.25: LR measured system impedance plol.

FIGURE 12.28: LR/CTR crossover mechanical layoul.
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3kHz, it ended up about 160Hz and 2.2kHz to
achieve the desired acoustic transfer function for
the woofer in Fig. 12.12. Figure 12.14 gives the
impedance magnitude for each filter section.

In the final system summation both on-axis
and at 30° off-axis (Fig. 12.15), except for the
smail anomaly at 6.5kHze, the response is close to
+2dB. The off-axis response looks fairly typical
with some unavoidable loss in the 1kHz region
and a phase anomaly at 6.5kHz. While LEAP is
very good, models are almost never perfect pre-
sentations of reality, and the quality of the simu-
lations can vary from example to example
depending upon several factors. However, the
final result should be sufficiently close to this
simulation to proceed with any required final
“tweaking.” In truth, I have designed many loud-
speaker products in the home, car, and pro
sound markets using this system, and have never
altered a design significantly from the LEAP sim-
ulation in the final production prototype.

One of my criteria for network summations is
the degree to which they are in-phase at the
crossover frequency. Figure 12,16 depicts the on-
axis response, plus both drivers’ responses and
on-axis summations with the tweeter polarity
reversed. The result of the reverse polarity sum-
mation is a fairly deep null close to the crossover
frequency, indicating that the crossover region is
in-phase. Last, Fig. 12.17 shows the LEAPsimu-
lated system impedance magnitude and phase.

12.24 THE FINISHED PROTOTYPE.

Once you have optimized the design in LEAP,
the next step is to prototype the network and test
the speaker to make certain that the perfor-
mance closely matches the simulation. Prior to
measuring the response of the LR, T measured
both inductors and capacitors used in this circuit
at the frequency at which they were being used
and also at an octave below this for high-pass
components and an octave above that frequency
for low-pass components.

Individual component losses that vary much
from the idealized ones [ programmed in LEAP
could easily make the final result differ substan-
tially from the simulation (discussed in
Loudspeaker Recifres). However, vears of experi-
ence have taught me that two-way designs are not
very sensitive to this, at least not nearly as much
as three-way designs (especially fourth-order
band-pass filters), so it really isn't all that critical.
However, this s the procedure you should follow
if you have an LC bridge that can measure com-
ponent reactance at different frequencies such as
the one built into the LMS analyzer.

Figure 12.18 displays the on-axis frequency
response of the LR at 2.83V/1m, measured using
the new (at the time of publication) LMS 4
Windows software (see Voice Coil August 2000},
Although you den't see the phase anomaly pre-
dicted in LEAP at 6.5kHz, the response is +1.84dB
from 112Hz-18.5kHz, which is quite good. The
off-axis response is also quite good, and close to
what LEAP predicted (see Fig. 12.19 for the 0, 15,
and 30° off-axds 2.83V/1m frequency responses).
In fact, if you keep measuring off-axis out to 45
and 60° (Fig. 12.20), the overall power response of
this speaker is obviously very smooth.

Figure 12.21 depicts the vertical responses of
this driver on-axis (obviously the same as the hor-
izontal on-axis) and 15° up/down and 30° up/
down. Figure 12.22 compares the 15° up/down
measurements and shows them to be pretty sym-
metrical with no excessive lobing, which would
be indicated with great differences in the two
responses. Likewise, Fig. 12.27 compares the 30°
up/down vertical response measurements, again
fairly symmetrical.

Notice that there are two nulls with the drivers
placed in this physical location on the baffle

AP130Z0
Home theater
lefiitight speaker.
MDT40
AP130Z0

Int. Dim.= 15.75"%5.5"x6.5"

Ext. Dim.= 17.25"%7"x8"

Material= 0.75" MDF

Driver spacing= top woofer edge 1" from top of box;
1/4" spacing or less between tweeter and woofer
perimeters.
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board. The $.5kHz null is near the crossover fre-
quency and is caused by the path length differ-
ence {rom the microphone to the woofers and to
the tweeter as you ineasure off-axis. The null
located at 1.5kHz is caused by the different
microphone path lengths Lo each of the two
woofers. This will be important to note when
looking at the centerchannel horizontal off-axis
performance.

One of the best indicators of good stereo imag-
ing, or, in the case of home theater, syminetrical
L/R response, is the matching of the two
left/right speakers, which, as you can see in fig.
12.24, is within less than. 1dB, except for a small
area centered on 4kHz. And last, the final 1nea-
sured system impedance magnitucle response is
lusrrated in Mg 12.25.

While theve were some variations in the final
measured prototype frequency response and
impedance as indicated in the comparisons seen
in Figs. 12.26 and [2.27, vespectively, it is obvious
that the simulations were within less than 1dB
ancl 182, This is veally quite good, although I have
often seen belter examples than this.

12.25 CONSTRUCTION DETAILS.
The cahinets and all drivers and crossover parts
for this home theater project are available from
Parts Express (wwiw.partsexpress.com). The net
internal volumne of the LR cabinet was approxi-
mately 0.31f%, with internal dimensions (HWD}
of 15.75" x 55" x 6.5".

Built out of 0.75" MDF with all drivers inset,
the cahinet is 100% filled with R19 fiberglass
(the pink stuff). You can observe driver layout in

AP130Z0 MDT40  AP130Z0
Int. Dim.= 6.5"x15.75"5.5"

Ext. Dim.= 8"x17.25"%7°

Material= 0.75" MDF

Driver spacing= woolers are separaled 1" from each other, 0.5" from
bottom ol box. Tweeler is as close o woolers as practical, bul must

be minimum of 1/4" from top of box.

Home theater center channel.

the cabinet mechanical drawing; all drivers are
basically centered and placed as close together as
possible. The layout of the crossover board is
pretty conventional (Fig. 12.28). Capacitors are
all polypropylene types, inductors are air core,
and the resistors are the non-inductive variety
available from Parts Express,

12.30 THE CENTER-CHANNEL SPEAKER.
The CTR in this system is nearly identical 0 the
[Rs in every way: same drivers, same cabinet vol-
ume, and same crossever. The only way the two
speakers are really different is in cabinet shape
and driver layout and the fact that the LRs are
acoustically oriented vertical WTWs (woofer/
tweeter/woofer) and the CTR is an acoustically
oriented horizontal WTW. This is mostly for cos-
metic and physical reasons.

Since most center-channel speakers are placed
on the top of a direct-view or rear-projection TV,
having a speaker that is vertically oriented—that
is, its height is substantially greater than its
wiclth—is visually distracting. Having the cabinet
aspect ratio of the center channe] more on the
order of the aspect ratio of your TV cabinel is
much more aesthetically pleasing. The original
THX center channel was supposed to be placed
with a vertical acoustic orientation the same as
the LRs, and, from a sound presentation stand-
point, this is absolutely correct. However, it
looked like a haystack growing out of your TV
and the American public just didn't like it.
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FIGURE 12.29: CTR horizontal on- and off-axis frequency
response (solid = 0°; dol = 15, dash = 30°).
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FIGURE 12.30: CTR vertical on- and off-axis frequency
response (solid = 0% dot = 30%).
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RGURE 12.32; CTR tweeter on-axis frequency response {solid
=0°; dot = 30°).

FIGURE 12.36; CTR on-axis computer simulation wilthout
crossover (solid = tweeler; dol = wooler).
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FIGURE 12.33: CTR tweeler impedance plot.

FIGURE 12.37: CTR on-axis computer simulation with
crossover (solid = woolers; dot = tweeter).

FIGURE 12.34: Comparison of the on-axis frequency response
of the LR and CTR woofers (solid = LR; dot = CTR).

FIGURE 12.38: Transfer functions for networks simulated in Fig.
12.37 {solid = woofers; dot = lweeter).
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This was the key to the success of the Atlantic
Technology 350/870 and 450 series I designed, in
which the speakers were three-ways instead of two-
ways. The reason for the greater degree of accep-
tance of these products was that the mid-tweeter
arrays were vertically oriented on all three front
speakers (LCR), but the center channel had the
horizontal aspect ratio that matched the TV
(Chapler 10). This becarne the preferred format for
THX products prior to the new Select standard.

As a result of this focus on aspect ratio, neaily
all center-channel speakers have an, eye-pleasing
aspect ratio and the wrong accustic orientation.
Fortunately, this is not quite as serious a problem
as response curves seem (o indicate, since these
systerns perform very adequately and the acoustic

disturbance is acceptable. You can, however, min-
imize this offaxis lobing problem caused by the
separation of the two woofers typically used in
these systems by locating the woofers as close
together as possible.

Looking at the mechanical drawing of the cen-
ter chanpel, you can see the tweeler mounted up
high on the baffle and rotated 45° so that the
woofers could be positioned as close together as
possible. How this affects the performance will
he obvious when we examine the final center-
channel prototype.

12.31 THE WOOQFER.
Since the woofers in the center channel are iden-
tical to the LRs, T will not repeat the T/S data
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FIGURE 12.39: Impedance magnitude for networks simulated
in Fig. 12.37 (solid = woolers; 4ot = tweeter).

FIGURE 12.42: Computer-simulated system impedance plot.
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FIGURE 12.40: CTR on- and off-axis computer simulation
with crossover {solid = 0°; dol = 30°).

FIGURE 12.43: Measured CTR on-axis frequency response.
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FIGURE 12.41: CTR simulated on-axis summation, wooler,
lweeter, and reverse phase summation (solid = on-axis
summation; dot = wooler; dash = tweeler; dash/dot =
reverse phase summalion).
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FIGURE 12.44: Measured CTR horizontal on- and off-axis fre-
quency response (solic = 0°; dot = 15° lefi; dash = 30° left;
dash/dot = 15° right; dash/dotdol = 30° right).




and LEAP box simulations, but rather move
directly into the data that was collected to pro-
ceed with the network design. Figure 12.29
depicts the on-axis and 15 and 30° off-axis
response of the two Audax AP130Z0s mounted
in the centerchannel cabinet. I measured this at
the usual 2.83V/1m but with the box mounted
horizontally in the same position as it will be in
actual operation sitting on the top of a television.
As the measurement proceeds off-axis and the
microphone distance to one driver becomes
shorter than the other driver, phase cancellation
occurs and you get the response nulls at 3.5kHz
at 15° off-axis and 1.7kHz at 30° offaxis.

Figure 12.30 gives the same on- and off-axis
data for ¢t and 30°, but with the speaker placed in
the vertical orientation, like the LR speakers.
This is how 1 design center channels—in the verti-
cal, not horizontal, orientation. You cannot com-
pensate for the off-axis horizental SPL anomalies
with crossover parts.

My attempt to improve the offaxis horizontal
response was done with the physical layout of the
drivers. Using the vertical response curves to
design the network results in a speaker that sub-
jectively sounds more fike the LRs, and this might
not occur if 1 attempted to compensate for the
horizontal lobing with the network design. Figure
12.31 gives the woofer in-box impedance that will
be transferred into LEAP for the optimization of
the crossover.

12.32 THE TWEETER.

The data for the Morel MDT 40 is pretty much
the same as with the LRs. Some differences are
caused by the different baffle shape and driver
locations for both woofer and tweeter, but these
are relatively minor. The MDT 40’s on- and off-
axis respense is given in Fig. 12,32, with the
impedance plot shown in Fig. 12.33.

12.33 THE CROSSOVER SIMULATION.

As 1 just inentioned, the only difference between
the response curves of the LR and CTR (besides
simple QC differences between the samples) was
the baffle shape. Figure 12.34 gives the compari

FIGURE 12.45: Comparison of 15° curves in Fig. 12.44 (solid = 0°;
dot = 15° |efi; dash/dol = 15° right).

FIGURE 12.47: Comparison of CTR horizontal 30° and LR
vertical 30° oft-axis curves (solid = CTR; dash/dot = LR).

s 0

FIGURE 12.46: Comparison of 30° curves in Fig. 12.27
(solid = 0°; dash = 30° leff, dash/dotdot = 30° right).
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FIGURE 12.48: CTR vertical off-axis frequency response
(solid = {°; dot = 15° up; dash = 30° up; dash/dot = 15° down;
dash/dotdot = 30° down).
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son of the AP130Z0 response in the LR and the
CTR cabinets, and Fig. 12.35 depicts the compar-
ison of the Morel MDT 40 in the two different
baffles. As you can sce, these differences were
relatively minor.

Proceeding with the crossover optimization, I
loaded all data into a LEAP design library, as dis-
played for the on-axis response in Fig. 12.36.
Again, as with the LR, the woofer atlenuation
will start aL about 120Hz with the actual
crossover around 3kHz. As 1 expected, the
crossover turned out to have the same values and
topography as shown in Fig 12.11. The individ-
ual driver response with the network sinulation
applied is illustrated in Fig. 12.37, with the driver
transfer functions in Fig. 12.3§ and the driver
impedance magnitudes in Fg 12.39.

Summing wooler and tweeter responses togeth-
er at 0° and 30° offaxis (including the 87ps time
delay between the woofer and the tweeter) yield-
ed the curves given in Fig. 12.40. The complete
picture is depicted in Fig. 12.41 with the orvaxis
response, the individual woofer and tweeter
responses, and the orraxis summation with the
polarity of the tweeter reversed. As with the LRs,
the crossover exhibits a steep null in the crossover
region indicating the transition is strongly in-
phase. The last simulation {Fig. 12.42) is the sys-
temn impedance magnitude and phase.

12.34 THE FINISHED PROTOTYPE.
The procedures for finishing a protolype are the
same for all models, so I won’t repeat them here.
Figure 12,43 shows the measured 2.83V/1m full-
range anechoic on-axis frequency response for
the CTR, which is the result of combining a
gated sine-wave measurement from
300Hz-40kHz and a 20Hz-500Hz groundplane
measurement. As you can see, the on-axis
response of the CTR is very close to that of the
LRs. The bigger concern is how the speaker will
perform left and right offaxis in the hovizontal
orientation sitting on top of a television set.
Figure [2.44 gives the response on-axis plus the
lefi/right 15° off-axis and the lef/right 30° off-
axis response curves. The separate 15° curves
and 30° curves are compared in Figs. 12.45 and
12.46, respectively. If you compare the 30° CTR
horizontal offaxis curves in Fig. 1249 will the
30° LR vertical off-axis curves {actually measured

FIGURE 12.49: CTR syslem impedance plot.

in the same horizontal orientation as the CTR) in
Fig. 12.21 (depicted in Fig. 12.47), the CTR baffle
arrangement actually produces definite improve-
ment in the off-axis response.

If you lock at the vertical off-axis of the CTR in
Fig. 12.48, you can see that this baffle arrange-
ment would not work well for a normal vertical-
orientation speaker and is not nearly as “nice” as
the horizontal (vertical orientation) off-axis
curves of the LR shown in Fig. 12.19. And last,
Fig. 12,49 gives the system impedance for the
CTR, which is identical to the LR, given that you
are looking at the same drivers with the same
crossover in the same box volume,

12.35 CONSTRUCTION DETAILS.
As with the LR cabinets, all cabinets, drivers, anc
crossover parts for this home theater project are
available from Parts Express (www.partsexpress.
com). The net internal volune of the CTR cabinet
was approximately 0.31t%, with internal dimen-
sions (HWD) of 657 x 15.75" x 5.5%. Built out of
0.75" MDF with all drivers insel, the cabinet is
100% filled with R19 fiherglass (the pink stuff).
You can observe driver layout froin the cabinet
mechanjcal drawing. The layout of the crossover
board is the saine as the LR depicted in Fig
12.28. Note that you should glue the crossover for
tbe CTR {using silicone adhesive and hot glue} 1o
the top of the inside of the CTR enclosure to
position the inductors as far from a direct-view
television as possible. The magnetic field emanat-
ing from inductors can conceivably cause screen
interference with a large direct-view TV.

12.40 THE REAR-CHANNEL SURROUND
SPEAKERS.

Surround speakers present a wholly different
design problem from the rather standard LCR.
Surrounds are intended to provide a more dif-
fuse soundfield than standard direct radiators.
This is supposed to mimic the effect of banks of
speakers used on the left/right and rear walls of
a full-sized theater (Chapler 10).

The typical dipole format generally uses two
woofers at opposing angles connected out of
phase {reverse polarity} and two tweeters at




opposing angles connected out of phase. In
order for these full-dipole-type surround-sound
speakers 1o have any low-end, you must separate
the woofer cavities with an internal baffle and
also use a high-pass filter on one of the woofers
to prevent complete acoustic bottorm-end cancel-
lation. T have designed numerous dipole sur-
rounds for manufacturers, including several
THX certifications. They work well, but are
inuch more difficult to design and are more
expensive to inanufacture, since they are essen-
tially two comiplete two-way speakers in one box.
For this hoine theater system, I have opted for
a sort of compromise surround speaker using a
divect-radiating monopole woofer, but dipole
tweeters. This comnpromise gives a null area for
the high frequencies, but still allows for a fair

amount of Jocalization for Dolby Digital movies TWO SYSTEM

that sometimes use discrete effects in the sur- DESIGNS

round mix. The frequency null wilt extend to

the crossover point for this speaker, at 3kHz,

compared to between 400-1000Hz for a full-

dipole-type of surround. So, choosing between

using direct-radiator surrounds and the more

diffuse full-dipole surrounds, the speaker I

descrihe heve is both a good perforiner and is .
less expensive to build.

12.41 THE WOOFER.

Instead of using two APL30Z0s in parallel, the
surround in this system uses only one. As such,
the output is 6dB less and the maximuwin (Xy 4y
+ 15%) output is also less. However, given the
fact that surrounds generally don’t receive nearly
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FIGURE 12.50: Surround woofer box simulation {solid = 2.83V; FIGURE 12.53: Surrcund woofer on- and ofi-axis frequency
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FIGURE 12.51; Group-detay curve for the 2.83V ¢urve in Fig. FIGURE 12.54; Surround wooler in-box impedance plot.
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FIGURE 12.52: Cone-excursion curve for the 7V curve in
Fig. 12.50.
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FIGURE 12.55; Surround tweelers measured on- and ofi-axis 1o
woofer and in-phase (solid = 0%, dot = 30°).
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on the surround “narrow” channel setting for  group delay in Fig. 12.51 and the 7V cone excur-
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sion curve in Fig. 12.52. {y is close to the same as
the LR/CTR at 86Hz, and the maximum output
about 6dB lower at 95dB.

Next, 1 mounted the drivers in the prototype
enclosure and measured the frequency response
at 0 and 30° (Fig. 12.53). The response is, as
expected, similar to that seen for the LRs and
CTR. The single driver impedance is given in Fig:
12.54.

12.42 THE TWEETERS.

The tweeters for the surrounds are different froin
those used in the LRs and CTR. Since there are
two of them, I chose not 1o use a pair of the fairly
expensive Morel tweeters and instead opted for a
pair of the less expensive Audax TM025F1 neo 17
cloth dome tweeters (Lwo of these cost ahowt
one-third less than one Morel MDT 40). Since
both domes—the Morel and Audax—are doped
cloth types, the timbre will not be different enough
to cause any kind of serious problem with the
presentation.

[ began collecting data for the network design
by measuring the 2.83V/1m response of the
TMO26F1 tweeters mounted in the surround
enclosure. Surround tweeters configured as a
dipole require special design considerations and a
host of different ineasurements to get an idea of
how this speaker will function. Figure 12.55 is the
first iteration of measureinents made on-axis o
the woofer and in the same location that will be
the null area of the tweeters. However, this curve
1s taken with both tweeters connected with the

same polarity to get an idea of what the power
response would be with the drivers inghase.

Next, I compared the on-axis to the woofer
microphone location with the tweeters connect-
ed in-phase and with the polarity reversed, out of
phase {Fig. 12.56). This shows the null area effect
you are looking for in a dipole surround tweeter.
The last tweeter response Imeasurement was on-
axis to a single tweeter; the null area measuve-
ments are at the summation point offaxis 90° 1o
each of two tweeters (Fig. 12.57). Finally, the
impedance magnitude for two tweeters connect-
ed in parallel is depicted in Fig. 12.58.
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FIGURE 12.65: Same as Fig. 12.63, bul using lwo-tweeler SPL
(s0lig = on-axis summation; dot = wooler; dash = tweeler;
dash/dol = reverse phase summation).

FIGURE 12.67: Surround measured on-axis null and lefUrighl

off-axis (solid = on-axis null; dot = 15° right; dash = 30° right,

dash/dot = 15" lefl; dash/dotdol = 30° left).




LOUDSPEAKER

264

DESIGN
COOKBOCK

12.43 THE CROSSOVER SIMULATION.

[ worked with three curves for the design of this
surround—the woofer, and both the single tweeter
on-axis {combined with the two-paralleled tweeter
impedance), and the on-axis of the two tweeters
connected in-phase (Fig. 12.59). The primary
crossover values (Fig. 12.60) were optimized using
the single tweeter on-axis response data com-
bined with the two-tweeter impedance data. This
resulted in the individual driver response curves
(Fig. 12.61) minus the conjugate circuil you see on
the tweeter. This tweeter has a fair ainount of
horn leading, and when a network js placed on i,
without compensating for the rise above 6kHz,
the rise becomnes exaggerated.

This was corrected with the 4€2/4uF conju-
gate circuit (Fg 12.60). Figure 12.62 shows the
corrected vesult, with Fig. [2.63 giving the on-
axis summation (bearing in mind that these dri-
vers were individually measured on a
different axis), plus the individual
woofer and tweeter responses
and the on-axis summation
with the tweeter polarity
reversed. The out-of-phase
null is moderate, but still
acceptably indicates the net-
work is mostly in-phase at
the crossover region.

1 next looked at the same
data with the on-axis two-tweet-
er in-phase/two-tweeter imped-

ance measurements. The individual driver
responses are shown in Fig. 12.64. Figure [2.65
gives the on-axis in-phase and out-ofphase on-
axis summation plus the individual driver
responses. Again, this results in a response that
is reasonably in-phase in the crossover region.

12.44 THE FINISHED PROTOTYPE.
Figure 12.66 shows the measured on-axis null
area response for the surround speaker placed in
the “stand” position. As predicted, the null
begins at 3kHz and is fully developed by 5kHz.
This represents the placerent of the speaker
with the woofer facing forward and placed on a
tall speaker stand. Note that this box design is
also configured to be mounted on the wall
15-20” from a ceiling with the woofer firing
upward toward the ceiling at an angle.
Figure 12,67 gives the null axis measurement
and the left/right 15 and 30° off-axts mea-
surements, plus the two off-axis 15°
(Fig. 12.68) and the two 30° off-axis
curves (Fig. 12.69). From this you
can se¢e how narrow the null area
is for a surround speaker, but
this is how the effect is sup-
posed to measure and what
makes it work.
Figure 12.70 compares the two
surround samples, which are
closely matched. Please note that
the location of the normal polarity

N B @

FGURE 12.68: Surround measured on-axis null and let/right
off-axis (solid = on-axis null; dot = 15° right; dash/dot = 15°
left).
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FIGURE 12.70: Comparison of both surrounds on-axis {null)
(solid = surround 1; dot = surround 2).

SPL vs Freq.
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FIGURE 12.69: Surround measurad on-axis null and lefifright
off-axis (solid = on-axis null; dash = 30° right, dash/doidot = 30°
left}.

FIGURE 12.71: Surround syslem impedance.




tweeter (dipole tweeters are connected with
reverse polarity) is on opposite sides of the encto-
sure se that each surround can have the positive-
going tweeter diaphragin facing toward the LCR

speakers. This technique is discussed in Chapiter

JO and illustrated in Fig. J0.27. Last, Fig. 12.71
depicts the system impedance magniwde for the
surround speaker.

12.45 CONSTRUCTION DETAILS.

As with the rest of the speakers in this chapter, alt
cabinets, drivers, and crossover parts are available
from Parts Express (www.partsexpress.com). The
net internat volume of the surround cabinet was
approximately 0.12f For internal dimensions,
refer to the mechanical drawing for this cabinet.
Built of 0.75” MDF with all drivers inset, the cabi-
net is 100% filled with R19 fiberglass (the pink
stuff).

You can observe driver layout in the cabinet
mechanical drawing. The layout of the crossover
board is prety conventional (Fig. 12.72).
Inductors are the aircore types, capacitors are
polypropylene solid dialectic types, and the resis-
tors are the non-nductive variety (available [rom
Parts Express). Note that the low-pass and high-
pass sections were built on separate boards to
facilitate inside instailation. I placed these on
opposite walls so the inductors would have the
least amount of coupling.

12.50 THE POWERED SUBWOOFER.,

This part of the project was fairly simple and
straighforward. Take a great woofer—in this case
the Parts Express Titanic 10"—mount it in the
right small bex, add an amp that has 2 little boost
on the bottom end, and you have a good-per form-
ing home theater sub.

Regardless of the relative ease of designing
subwoofers {at least in comparison to surrouncds
and center channels), the process involves mea-
suring the woofer and simulating its perfor-
mance. The Titanic woofer is built for Parts

Titanic 10"

Inl. Dim.= 12 75"x12 75"x11.75"

Exl. Dim.= 14.25"x14.25"x13.25"

Malerial= 0.75" MDF

Driver spacing= cenler wooler on fronl ballle.
Use 0.75" "H" brage in cenler of enclosure.

Home thealer subwoofer.

Express by NCA, which is a small but extrernely
knowledgeable OEM driver manufacturer.

Their drivers not only have excellent engi-
neering, but firstrate quality control, and are
built to be about as bullet-prool as you will find
in a hi-fi woofer. Built on a cast frame, the
Titanic 107 features a stff talefilled poly cone,

Bottom View

Front View

AP130Z0

TMO25Ft

Side View

Terminal Cup

Inl. Dim.= 5.5"x6.0"x7.625" (5.625")

Ext. Dim.= 7"'x7.5"8.125" (7.125")

Material= 0.75" MDF

Driver spacing= woofers cenlered on froni of box.

Tweeters localed on bolh sides 1" from too and front of box.

Home theater surround speaker.

W+ 8.2uF
2mH
2
Ohms
IN+ GND
o— 4uF
N+ 1 Ohm
0.2mH
15
uF
GND," 4 Ohms Tw
4uF

FIGURE 12.72: Surround crossover mechanical layout.
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poly dustcap, Apical high-temperature voice-coil
former, heat-formed Santoprene surround,
motor parts coated with a black high-emissivity
coating (for enhanced heat dissipation),
bumpout for excursion, and pole vent for cool-
ing, plus five-way binding-post terminals.

12.51 THE WOOFER SIMULATION.

1 began analyzing this woofer using the LinearX
LMS analyzer to perform both free-air and delta-
compliance impedance measurements. This was
done, however, using the LinearX VIBox with an
amp connected directly to the woofer. This
allows you to measure the voltage and current
(admittance) separately, then later divide the two
(Ohm's Law V/1="7) to get the impedance.

TABLE 12.2

TITANTIC 10” PARAMETERS
fg 28.6Hz

Rpve 31

Qurs 8.29

Qps 0.50

Qs 047

Vis 57 1o

Bl 9.2TM

Sens. 89.9dB @ 2.83V
RKaax 12mm

Figure 12.73 shows the VIBox curves prior to
being divided in the post-processing section of
the LMS software. Figure 12.74 depicts the final
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URE 12.73: Subwooler voltage and admittance impedance
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FIGURE 12.75: Subwoofer box simulation (solid = 2.83V; dol =
27.5V).
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FIGURE 12.78: Subwoctfer goundplane measurement with
different low-pass settings (solid = 160Hz; dot = 120Hz;
dash = 80Hz; dash/dot = 60Hz; short dash = 40Hz).

free-air impedance curve.

[ imported this data into the LEAP software
and calculated the T/S parameters as shown in
Table 12.2.

This woofer has excursion for days, which is very
easy to see in the simulation. With this data in
LEAP, I performec a sealed box simulation for
this woofer placed in a “virtual” 1.1ft* box with
100% fiberglass fill {again, R19, the pink stuff).
The results are shown in Fig 12.75 (see fig [2.76
for the 2.83V group-delay curve for this graph, and
Fig. 12.77 for the 27.5V cone-excursion curves).
This yielded a simulated f; of 44.2Hz with a Q.
of 0.71.

This represents a fairly low frequency high-pass
rolloff and is appropriately damped. Increasing
the simutation input voltage to 27.5V, which push-
es the cone excursion to Xy, y +15% (13.8mm in
this case), resulted in an SPL of 107.8dB. This
means that you can play this woofer to over
105dB before it just barely begins to audibly dis-
tort. With prograin material, you can exceed this
limit by several dB before noticing any problems.

12.52 THE FINISHED PROTOTYPE.

The measured f; without the amp connected was

46Hz with a Q. of 0.73, very close to the LEAP

simulation. Next, I connected the woofer amp anct
made groundplane measure-

ments with successive itera-
tions of different settings on
the subwoofer amp low-pass
control (I3g. 12.78). The Parts
Express 250W amp has a GdB
boost at about 30Hz, which
results in a combined f;, amp
boost, and woofer/box of
27Hz, a little less than an addi-
tional 2/3 of an octave. Figure
12.79 shows the comparison of
the nearfield response ol the
wooler with and without the
amp.

12.53 CONSTRUCTION
DETAILS.

There’s not much to be said

beyond the drawjng presented.

The box has a single cross
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brace and the woofer is surface mounted, with
100% R19 fiberglass fill in the enclosure.

12.60 THE LDC6 HOME THEATER SYSTEM
PERFORMANCE.

I had my dear friend and business associate Nancy
Weiner assist me in evaluating this product. Nancy
has worked with me in voicing the entire Atlantic
Technology line of products (she’s the Director of
Sales and Marketing at Atlantic Technology}, all of
which have received spectacular reviews in the
home theater press. Basically, if Nancy thinks it
sounds good, it is. Afier we both spent consider-
able time listening to this system, we thought you
would have to spend at least $2000 on the open
market 1o get something any better,

12,70 THE LDC6 STUDIO MONITOR,
This project is close to my heart, since I still write
music and play a lot (I played professionally in a
successful Colorado rock band about 1965-
1970}. My current studio uses a keyboard perfor-
mance speaker I designed. However, it was the
only speaker in my studio, so I also used it for
CD playback and as a mix monitor for the I2-
track Akai digital recorder that I use. While this
is a great speaker through which to play my
Kawai MP9000 stage piano (it's a three-way with a
37 voice coil EV 12" woofer, an Audax pro sound
6.5” mid, and a 3" x 9" horn}, it’s not quite what
the doctor ordered for mix-down with a multi-
track recorder.

What I really needed was a compact high-end

two-way design that could play fairly loudly and
supply sufficient neutral detail for mix and other
monitoring applications. I have designed studio
monitors for manufacturers in the past and
received some rather positive reviews in maga-
zines such as Flectronic Musician, so what I need-
ed was something on that order. The format I
chose was a 6.5” woofer and a 1” cloth dome
tweeter. Drivers I decided would work well are
the Scan Speak 18W,/8545K00 and the Scan
Speak D2905 Revelator.

12.71 THE WOOFER.

The 6.5” Scan Speak 18W/8545K00 woofer is a
very strong unit. Features include a cast frame,
rubber surround, paper cone with inverted paper
dusteap, 42inm diameter voice coil, and pole
vent. I began analysis by measuring the free-air
and delta-compliance (test box) impedance
magnitude (see Fig. [2.80 for the free-air imped-
ance plot). I then imported these files into the

TABLE 12.3

SCAN SPEAK 18W/8545K00
fg 31.8Hz
Reve 5.5

Qs 9.26

Qps 0.46

Qrs (.44

Vs 36 It

Bl 6.8 T™M
Sens. 86.9dB @ 2.83V
Kitix 6.5mm

FIGURE 12.7¢: Comparison of nearfield subwoofer response
with and without amplifier {solid = with amplifier; dot = without

amplifier).
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FIGURE 12.81; Studiio meniter wooler box Qyp, = 0.92 simula-
tion {solid = 2.83V; dot = 15.5V).
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FIGURE 12.80: Studio monitor woofer free-air impedance plot.
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FIGURE 12.82: Group-delay curve for the 2.83Y curve in Fig.

12.81.




LEAP software and calculated
and displayed the T/S parame-
ters in Table 12.3.

Applying the LEAP analysis
mode, I determined that a
0.28ft® box with 100% fiberglass
fill material (R19} would provide
an fy of 54Hz with a box Q. of
0.92, which would add a bit of
warmth for the 50Hz rolloff and
also decrease excursion some-
what at high listening levels.
Figure 12.81 shows the 2.83V
and 15.5V curves for this box
simulation, with the 283V
group-delay curves shown in Fig.

12.82 and the 15.5V cone
excursion curve in Fig. 12.83.

However, 1 decided to also
investigate a lower Q) box stuff-
ing arrangement and see if the
difference was worthwhile. To
do this in the sitnulation, I
increased the LEAT FGETF
{Fibergtass Equivalency Factor)
(o 2.5, which closely simulates
the effects of Owens-Corning
703 fiberglass (R19 = t in the
LEAP FGEF scenario) and re-
ran the analysis mode of e
program.

Figure 12.89 compares SPL
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FIGURE 12.83: Cone-excursion curve for the 15.5V curve in
Fig. 12.81.

FIGURE 12.86: Comparison of cane-excursion curves for the
15.5V curve in Fig. 12.84.
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FIGURE 12.84: Studlio moniter woofer comparison bax simula-
tion with different Qpqs (solid = 2.83V with Qr.. 0.92; dol =
2.83V wilh Qq. 0.75; dash = 15.5V wilh Qq 0.92; dash/dot =
15.5V with Q. 0.75).
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FIGURE 12.87: Studio manitor woofer on- and off-axis frequen-
cy response (solid = 0°; dot = 30°).
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FIGURE 12.85: Comparison of group-delay curves for the 2.83V
curvein Fig. 12.64.
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FIGURE 12.88: Sludio monitor woofer full-range anechoic fre-
quency response.
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with the box stuffed with R19 and with 703. The
703-filled box had a slightly lower f, of 49.6Hz
and a box Q. of 0.75. You can see the () differ-
ences in the group-delay curves in Fig. 12.85.

However, the excursion curve with a voltage
increase to achieve Xy, + 15% (7.5mm for this
woofer) for box woofers (Fig. 12.86) didn’t result
in a very significant change in peak SPL, so there
really isn’t that much difference. After carefully
listening to the two iterations, Nancy and I both
decided that the R19 stuffed version was all-
around bettersounding, although we also noticed
a bit nore clarity in the 703-stuffed version.

Next I mounted the woofer in the cabinet
(along with the D2905 tweeter) and measured
the 2.83V/1m frequency response at 0 and 30°
from 300-40kHz using the gated sine-wave fea-

ture of the LMS analyzer (Fig. 12.87). The
response is not as smooth as the Audax
AP130Z0's bul is reasonably even up to about
2.8Hz. However, above that frequency it varies
by up to 5dB, which will be difficutlt to make a
really flat transition Lo the tweeter.

If you have ever read the introduction to the
Loudspeaker Recipes book, you understand that
absolute flatness of a speaker systemn response is
not as critical as many would like to think, Many
cutstanding speakers have had considerable vari-
ation in system frequency response, while many
ruler-flat designs have not sounded so great. In
and of itself, an absclutely flat magnitude
response does nol determine the sound quality
of the speaker.

I also measured the 1m groundplane response

1275,

dB Gravh 1 ) ficdustle On Axi< Response: SPL, Phase

60—l LidH L Hi £ L I I

| lede

gk 10k

FIGURE 12.89: Studio monitor woofer in-box impedance plot.
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FIGURE 12.92: Sludio monitor on-axis computer simulation
without crossover (solid = tweeter; dot = woofer).
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FIGURE 12.90: Studio monitor tweeler on- and off-axis frequen-

FIGURE 12.93: Studio monitor on-axis compuler simulation with

cy response {solid = 0°; dot = 30°). crossover {solid = tweeler; dol = wooler).
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FIGURE 12.91: Studic monitor lweeler impedance plot.

FIGURE 12.94: Transler functions for networks simulated in
Fig. 12.93 (solid = tweeter; dol = woofer).
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The final data required for the LEAP simulation
is the impedance of the Scan Speak 18,/8545K00
mounted in the enclosure (Fig. 12.89).

12.72 THE TWEETER.
The Scan Speak D2905 Revelator is a really
exceptional device and ideal for use as a moni-
. Unfortunately, the woofer cannot take
advantage of the tweeter’s sensitivity, which is
91dB, bul has a very low resonance of 500Hz,
allowing for a low-crossover frequency without
having to deal with the resonance. Other fea-
tures include a doped cloth 17 dome, 28mm
voice coil, and an RMS power-handling rating of
225W using a 12dB/octave crossover at 2.8kHz.
The other interesting feature is a large shallow
waveguide that should reinforce the low-fre-
quencies somewhat and make it more appropri-
ate for a low crossover frequency, which is what
I hadt planned.

[ started analyzing this device by ineasuring the
2.83V/1m at 0° and 30° off-axis response curves

(3. 12.90). The overall response of this tweeter is
good, with some unevenness above 10kHz, but
this is really not of much consequence. The

from 20-500Hz (not shown) and spliced that to
the gated anechoic measurement in Fig. 12.87,
resulting in the fullrange anechoic response dis-
played in Fig. 12.88. The next step was to tail-cor-
rect the high-pass and low-pass slopes to their
nominal asyrnptotic value, which like the other
speakers in this chapter is 12dB/octave for both.

and impedance phase and magnitude data (Fig.

off-axis of this tweeter is quite good for a 1”
solt dome. The last data needed for the crossover
simulation was the impedance (Fig. 12.91).

12.73 THE CROSSOVER SIMULATION.
1 loaded the on- and offaxis frequency response

—
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FIGURE 12,95: Impedance magnitude for networks simulated in
Fig. 12.93 (solid = tweeler; dol = wooler),
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FIGURE 12.97: Studio maonitor on-axis full-range anechoic fre-
quency response.
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FIGURE 12.96: Studio monitor crossover schemalic.
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12.92) into the program. The last detail prior to
commencing the network design was to enter the
95us interdriver time delay into the LEAP Active
Filter Library. The format that almost always
works well for two-way designs like this is a sec-
ond-order topography on the woofer and a third-
order topography on the tweeter, with fourth-
order Linkwitz-Riley target filter functions. As
with the home theater LR and CTR, the interciiv-
er time delay meant that the low-pass slope would
actually be somewhat shallower to achieve a flat
surnination.

Most high-end speaker designers take advasn-
tage of the fact that tweeters tend to sound more
open and detailed crossed over at 2kHz or lower.
The only problein is that it takes a robust tweeter

to keep from self-destructing at high SPL levels at
this low a cross point, even with a steep filter
high-pass slope. But this is why I chose the
D2905, since it can handle reasonable SPL
crossed over this low with a high-order filter.

The 2kHz target was optimized for both
woofer and tweeter to achieve a flat summation
and resulted in the individual woofer and tweeter
response curves in Fig. 12.93, with the associated
network transfer functions seen in Fg 12.94 and
the driver/network impedance given in Fig.
12.95. These responses were for the network val-
ues depicted in the crossover schematic in Fig,
12.96. Note that the woofer inductor is 3mH,
which caused a choice in terms of inductor types.
My first choice for a high-end product such as

E)

oK Hz sK

FIGURE 12.99: Studio monitor simulated system impedance
plot.

FIGURE 12.102: Measured studio monitor horizontal on- and
off-axis frequency response 10 60° {salid = 0°; dol = 15°; dash

= 30°; dash/dot = 45°; dash/dotdot = 60°).

SPL vs Freg

T

FIGURE 12.100: Measured sludio monitor on-axis frequency
response.

FIGURE 12.103; Measured LR vertical on- and off-axis frequen-
cy response (solid = 0°; dot = 15° up; dash = 30° up; dash/dot

= 15° down; dash/dotdot = 30° down).
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FIGURE 12.101: Measured studio monitor horizonlal on- and off-
axis frequency response (solid = 0% dot = 15°; dash = 30°).

FIGURE 12.104: Comparison of both sludio monitor proto-
types (SM1 = solid; SM2 = dot).




FIGURE 12.105: LR measured system impedance plot.

FIGURE 12.106: Comparisen of system impedance with differ-
ent box Qs (solid = impedance with R4 il malerial; dot =
impedance with 703 fill material).

this would have been a 16-gauge air-core incuc-
tor, but there really is not reom in the enclosure
for this size inductor.

If T were manufacturing this speaker for the
high-end two-channel or studic menitor market, I
would probably have built a false back and
mounted the network outside of the box volume
to allow plenty of room for a fullsize air core
(actually, for the prosound moniter market, this
speaker would have ended up biamped with an
electronic crossover). So, the compromise in this
situation was o use a laninate core inductor
because its size would allow the network to fit in
the cabinet. Other than that, all capacitors used
were Solen and the resistors were the non-induc-
tive variety, available {from Parts Express.

Figure 12.97 shows the on-axis fullrange ane-
choic surnimation for the Scan Speak woofer and
tweeter combination. Overall, the response is not
wickedly flat, but does manage to comne cut to
about 2,15 from 100Hz-10kHz, which is not all
that bad. Figure [2.98 iltustrates the on-axis
response with the individual driver responses,
plus the on-axis summation with the Lweeter
polarity reversed (out of phase connection). This
produces a fairly deep null at the crossover fre-
quency, indicating the response is in-phase in the
crossover region, Last, g {2.99 gives the simu-
lated impedance magnitude and phase.

12.74 THE FINISHED PROTOTYPE.

Figure 12,100 shows the prototype’s 2.83V/1lin
measured response, which was about +2.5dB,
about 0.35dB out fromn the LEAP simulation,
which is typical of the results achieved with the
LEAP/LMS workstation. {Although I have on a
few occasions been accused of being financially
invelved with Linear¥, the veality is that they are
just good friends and the only entanglement is
one of respect and [riendship. T use these prod
ucts in my work because of their functionality
and for no other reason. I think that should be
obvious [rom this tutcrial.)

Examining the prototype further, Fig. [2.101
gives the horizontal respensce out to 30°, and it is
obvious that the critical offaxis response is nearly
as Flat as onaxis. Fgue 12,102 shows the offaxis
response out to 60°, which implies a rather {lat

power response overall, an important criteria for a
Ingh-quality loudspeaker. Looking at the other
global axis, the vertical offaxis response for 15°
up/down and 30° up/down is depicted in Fig.
12.103. These curves are moderately symmetrical.
indicating only minor lobing in the vertical
response.

In terins of imaging, aiching the left and
right speakers in a stereo pair is very iinportant.
Figwe 12.104 compares the cn-axis response of
both prototypes and as is obvious, they ave very
closely matched to within 0.5dB. Last, Fig. 12.105
gives the measured impedance magnitude of the
1.DC6 Studio Monitor with the R19 stuffing,
while Fig. 12,106 compares both the R19 and the
703 stuffing effects on the impeclance.

12.75 CONSTRUCTION DETAILS.
The cabinets andt all drivers and crossover parts
for the stucio monitor (or two-channel hifi moni-

[ 12uF

1
4 . Ohm

3mH

IN+ GND

FIGURE 12.107: Studio monitor crossover mechanical
layout.

TWO SYSTEM
DESIGNS

273




LOUDSPEAKER

DESIGN
COOKBOOK

274

tor) project are available from Portland Audio
Lab, e-mail dbnelson@teleport.com. If you are
building your own cabinets, the net internal vol-
ume of the studio monitor cabinet is approximate-
ly 0.28fc%, with internal dimensions (HWD} of
12.5” x 6.5" » 7.125” (which in my prototype
includes substantial bracing). Built out of 0.75"
MDF sides and rear baffle and 1.125” front baffle,
with all drivers inset, the cabinet is 100% filled
with R19 fiberglass.

You can observe driver layout in the cabinet
mechanical drawing, but all drivers are basically
centered and placed as close together as possible.
The layout of the crossover board is pretty cop-
ventional (Fig. 12.107). Since this cabinet has
extensive bracing, it was not possible to place the
entire crossover on one board. As a result, I built
the network with one board for the tweeter high-
pass, mounted in the top of the box near the
tweeter, and a separate board for the woofer low-
pass mounted in the bottom of the enclosure
near the woofer. This method also ensures that
no crosscoupling occurs between high-pass and
low-pass inductors.

12,80 THE LDC6 STUDIO MONITOR’S
SUBJECTIVE PERFORMANCE.

I asked Nancy to evaluate the two stffing mate-
rials used in the monitors, which meant listening
not only Lo the low-end sound quality, but also to
midrange clarity. After extensive listening, we
both agreed that the bass with the Q. = 0.92
R19 versicn was bettersuited for standalone lis-
tening, although we both noticed the somewhat
enhanced clavity of the 703-stuffed version, This
version is probably best-suited for use with a suh-
woofer. After an hour or so of listening, we con-
cluded that this was an outstanding two-way in
terms of presentation, clarity, detail, and overall
musicality. Not a bad place to be for a studio
monitor.




Afterword

At the close of this 7" edition of LDC,
1 have several important details to
address. First, I would like to extend my
sincere appreciation to those of you who
have been reading the montbly issues of
Voice Coil, which has been an important
part of my work over the last 28 years.

Not long after I finished assembling
the 5" edidion of the LDC in June 1995,
the Audio Engineering Sociely present-
ed me with an award citing my long-
term “conuibutions to audio education
and the industry, through the dissemi-
nation of inforation related to loud-
speaker ineasurements, systems, and
components.” This award would not
have been possible if all of you did not
have the amazing thirst and interest in
learning rnore about the art of recreat-
ing music and sound. For this 1 would
like to take this opportunity to thank
you all for giving me the opportunity to
involve myself in such a rewarding pro-
fession.

Finally, I would at long last wish to dis-
pel a possible myth about the
Loudspeaker Design Cookbook—that it is
written by an engineer who thinks only
about analyzers, mathematics, and

science and believes that all the answers
are objective and probably never listens
to music. Well, T not only listen to music,
in my own humble way, 1 even (ry 1o
write it!

Vance Dichason
October 2005
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(800} 527-0004 USA
www.hernonmfg.com
info@hernonmfg.com

Klippel GmbH
Mendelssohnaltee 30
D-01309 Dresden  Germany
49-351251-353b

Fax: 49-351251-3431

www klippel.de
kiippel@klippel.de

1JDATA
Regnvagen 89
976 32 Lulea
+49-70-6404708
www.ijdata.com
info®@ijdata.com

Sweden

Jantzen Audio Denmark
Dyrlev Vejb

Praesto DK-4720 Denmark
+45-45-80-20-09

www jantzen-audio.com
peter@jantzen-audio.com

LinearX Systems

9500 SW Tualatin-Sherwood
Tualatin, OR 97062-8586
(503) 612-9565

Fax {503) 612-9344

www linearx.com
sales@linearx.com

Madisound Loudspeaker
Components

PO Box 44283

Madison, Wl 53744

{608) 831-3433

Fax: (608) 831-3771
www.madiscund.com
info@madisound.com

Marchand Electronics Inc
PO Box 18099

Rochester, NY 14618
(585) 423-0462

Fax: {h85) 423-9375
www.marchandelec.com
info@marchandelec.com

Meniscus Audio Group Inc
4669 S. Division Ave,
Grand Rapids, M| 49548
(616} 534-.9121

Fax: (616) £34-7676
www.meniscusaudio.com
info@meniscusaudio.com

MISCO/Minneapolis
Speaker Co.

2637 32nd Ave. S.
Minneapolis, MN 55406
{612) 825-1010

Fax: (612)825-7010
www.miscospeakers.com
info@miscospeakers.com

NCA Lahoratories

2640 Mercantile Dr. Suite A
Rancho Cordova, CA 95742
{916) 862-7029

Fax: (916) 852-9410
ncalabs@aol.com

Nedelku Labs

4921 Robert J.

Mathews Parkway

El Dorado Hills, CA 95762
(916)752-9634

Fax (916)939-4114
www.nedelkulabs.com
info@nedelkulabs.com

Orca Design &
Manufacturing Corp
1531 Lockout Drive
Agoura, CA 91301-2920
(818)707-3070

Fax (818)991-3070
www.orcadesign.com
info@orcadesign.com

Qutline

Via Leonardo da Vinci, 56
25020 Flero {Brescia, Italy)
++31-030-3681341

Fax: ++39-030-3680431
www.outline.it
info@outline.it

Parts Express

725 Pleasant Valley Dr.
Springboro, OH 45066-1158
(937) 743-3000

Fax: {937) 743-1677
wwwy.partsexpress.com
sales@partsexpress.com

Sencore

3200 Sencore Drive
Sioux Falls, SD 57106
(605)339-0100

Fax {605)339-0317
WWW.SeNcore.com
imurray@sencore.com

Solen Inc

4470 Avenue Thibault
St-Hubert, PQ J3Y 779
Canada

{450) 6b6-2759

Fax: {450)443-4949
www.solen.ca
solen@soten.ca

Vidsonix Design Works
508 Performance Rd.
Mooresville, NC 28115
(704)887-5488

Fax (708)887-5488

www . vidsonix.com
sales@vidsonix.com

WaBT-USA

2752 south 1300 West
Ogden, UT 84401
{801) 621-1500

Fax: (801) 627-6980
www.whtusa.com
support@kimber.com

Zeng Ben Ind

8 Xin Xing Road

Xingiao Village

Shiji Town, Panyu,

Guangzhou

Guangdong Province

P.R.China 511450

+86-20-84851168

Fax +86-20-84851138

www.zenghen.com

zenghen@pub.guangzhou.
gd.cn

trueanalog@acl.com



HD Loudspeakers have arrived!

First there was HDTV - now there are HD Speakers!

Loudspeakers today are undeniably the weakest link in the audio chain. The future is affordable High Definition Loudspeakers, and
‘affordable’ means all you need is DEQX's active crossovers, calibration and correction in both the time and frequency domain.

Accurate Frequency Response
& Active DSP correction means plus/minus 0.5dB

Accurate Timing; Sounds ‘Musical’
& Active DSP correction of Group-delay and phase correction at all frequencies

No Crossover Distortion
& Linear-phase digital crossovers to 300dB/octave eliminate crossover distortion

Unrivalled Natural Dispersion Control
& Three-dimensional images heard well outside the sweet-spot

Extra Distortion-Free Dynamic Headroom
& Power quarantined to each driver's comfort zone means more clean volume

Room Correction Included
& DSP speaker and room correction performed simultaneously

You can Jicence DEQX Calibrated™ processing or buy DEQX Calibrated™ OEM modules to
transform your existing loudspeaker designs ~ you simply won't believe the improvements!
DEQX Calibrated™ speakers won CES 2005's "Ultimate Audio
Award' (CES-Tech TV) and 'Best Loudspeaker Under
$6,000' {AV Guide Monthly) at CEDIA 2004, DEQX's
PDC-2.6 evaluation system includes up to 3-way

crossovers and room correction from under $3,000.

DEQX

Calibrated www.DEQX.com
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Introducing the WBT-0710 Cu. Also available in
silver. Utilizing WBT's “reduced but pure” principle,
the WBT-07 |10 will enable complete coherency in
the materials used for your audio signal.

801.621.1500

WBT www. wbtusa.com




KimberKaps

:
-

1K

DIY Internal Wire

It just sounds better!

801.621.5530
www. kimber.com

P KIMBER KABLE




PS9200KIT
Measurément Mic System,
i 1&;*@__”,1?’1*,} i ‘
i B M
I “Very Random™™
Noise Generator

ACO Pacific, Inc., 2604 Read Ave., Belmont, CA 94002 .
., Tel:(650) 595-8588  FAX: (650) 591-2891 E-Mail: acopac@acopacific.com

*:  web site : www.acopacific.com (1)
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EnclosureShop

Enclosute Design & AnalgSlS
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EnclosureShop Highlights

2 Revolutionary Dilfraction Engine

o Nonlinear Acoustic Nerwork Simularor

o Arbitrary Struciural Enclosure Analysis

s Siandand or Custom Exclosure Srucivris

2 Far Field, Near Field, Pressure Axalysic

e Infinire or Fikite Yolume Domains

o Full, Half, Quaren, Eighih Space Dasnins
= 360 Degree Horiz/Yert Polar Field Simulaion
» New Advavced LTD Transducer Model

& Muliiple Transducer Models: STD, TSE, LID

| < Chamber Transmission Line Simulation Model

o Port Transstission Line Simulation Model

> Accurate Fill Media Chiarcterizations

@ Diaphaam Shiape & Profile Charcierization

+ Diaphram Direcriviry Oll-Axis Simularios
Transducer Acoustic Mounr: Para/Ser/ParSer

¢ Transducer Electrical Wire: Para/Sea/ParaSer

+ Nonlinear Port Simularion & Analysis

# Nonlinear Travsducer Simulation & Axalysis

o Muliiple Transducers/Ponts per Chiarbsr

|+ Mulsiplc Cliambers pen Enclosure

s Cliambers/Poris with Media Fill & Dexsiry

o Passive & Active Drone Poris/Speakers

> Yolume Object Paramercr Calculntors

» Arca Object Parastarer Calculnions

< Buili-in Unis Conversions on All Paramerers
» Specilized 7D Geaphical Objecr Editor

» Automatic Enclosure Sliell Generuior

@ Puebuilt Scalable. 70 Enclosure Objecis

o Enclosure Slhiell 3D Impori/Expor

@ Trawsducer/Porr 3D Locarion Ediig

* Quick Disiy & Reverse Speaken Uniliries

= Mulricurve Transducer Panamerer Derivaiion
o Compreliesive 2-Yolume Manual Ser
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LinearX Systems [nc » 9500 SW Tualatin-Sherwood Rd » Tualatin, OR 97062-8586 USA » Tek(503) 612-9565 Fax:(503) 612-9344 + wwawlineark.com sales@lineant.

The world’s most respecied
loudspeaker development Tool
hias just aken A guantum leap.

For nearly rwo decades LEAP
has provided thousands of
profrssional loudspeaker
designers world-wide with
advanced design capabilivies.

e

We thought vou'd enjoy A
couple new interesting rid birs
for The 2 1st Cenrury.

www.linearx.com

Loudspeaker Enclosure Analysis Program
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CrossoverShop Highlights
= Mixed Eleciroacoustic Circuir Simularon
= Analog Passive Nerwork Crossover Desig
« Analog Active Filier Crossover DesiGy
> Digiral FIR Filrer Crossover Design
+ Digiral IR Filrer Crossover Dasicp
= Mixed Analog & Diginl Crossover Desigr
= Sywthesis of Passive Allpole/Ellipic/Conjugares
» Sysihgsis of Acvive Allpole/Ellipric/EQ/Cineuits
» Synthesis of IR Marched-Z/Bilinear/Con/Iny
> Sywiligsis of FIR Window/ FreqSanp/Oprinal
o Advanced Global Oprimizarion Exgines
» Curve based Peak/Average Optimization
> Constraing based Maw/Min Oprimizuion
Frequeacy Range Restaicred Optimization
Weighiing Funciion Modified Oprissization
Memory Srore/Recall of Oprimizuion Resulrs
= Oprimization of SPL, Impedance, GroupDelay
» Avtonatic Oprimizer Objeciive Geveralors
» Graphical Schiemaric Exry/Ediring
+ Auromnied Crossover Design Wizard
« Polar Sislation with Measured Off-Axis Data
= 22 Advanced/Specialized Circuit Components
= Opamp Model Library, 1000 predefined
Poremtiomerer Tapen Library, 230 predeflined
* Thenmal, MonteCarlo, Sensiriviry Amalysis
+ Powerlul System & Guide Curve Libranies
* Post Processing Lhiliries & Mail Funcrions
= Accurare Dual Yoice Coil Simulnions
= Iwponr, Export, Cut & Pasie Curve Daia
» Graphics Export Rasrer & Yecror Formars
s Cunve Caprure/Converter [rom Rasier Inage
Curve Editor Air Coge Inducton Desigrer
* Air Cone Inducior DesiGyer
Conprehiensive 2-Yoluse Mavual Ser
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MADISOUND provides speaker builders with
the highest quality parts and advice.

Seas ) | Fostex

AURA Mmorel

S 0O U N D
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DIE[FLEX

L E H F ACOUSTIC PANELS

LA PASSION DU HAUT-PARLEUR
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Solen Inductors \
GOERTZ \ S Solen “Fast” Poly Caps
corperroi.  AudioTechnology

INDUCTORS N@IRDOST
SILVER FLUTE “e|ga' Founvrex

I;;/ SUPRA Cables

A B ENNIC MADISOUND SPEAKER COMPONENTS |-~

d u 8608 UNIVERSITY GREEN ‘ N “
P.0. BOX 44283 |
For further information on any of these f | MADISON, Wi 53744-4283 U.S A, 7
product lines, please request a catalog or ¢ TEL: 608-5_5‘3_1-?4(%3 F;\X: 60%—831—3771 "1 b
Loy | e-mall; into@madisound.com
access our web site: www.madisound.com g

Web Page: hitp:fwww.madisound.com

o




‘Solen Fast Capacitors” & Solen Perfect Layer
Inductors, often imitated, sometimes copied -
even counterfeited - yet never equaled.

SOLEN CAPACITORS

Metallized Polypropylene Film Fast Capacitors™

- First to use the “Fast Capacitor™ winding technique

- First to use hi-axially oriented metallized polypropylene film

- Lowest dissipation factor, lowest dielectric absorption

- Widest range of values, from 0.01 F to 330 pF

- Wide range of voitages, from 250 Vdc to 630 Vdc.
Metellized Teflon™ Film - .22 yF - 10 yF, 1000Vde

Teflon™ Film & Tin Foil - .033 pF - .82 pF, 450 Vdc - 1000 Vde
Polypropylene Film & Tin Feil - .01 uF - 4.7 yF, 100 Vdc - 630 Vdc
Metallized Polyester Film - 1.0 pF - 47 yF, 160 Vdc
Non-Polar Electrolytic .5 % DF - 10-;F - 330 yF, 100 Vde

SOLEN INDUCTORS

Perlect Layer Hexagonal Winding Air Core

- First to use Perfect Layer Hexagonal winding technique
- First o use Hepta-Litz seven strand insulated wire

- Zéro distortion air core, lowest dc resistance

- Widest range of values, from 0.1 mH - 30 mH

- Wide range of wire diameters, from 0.8 mm - 2.6 mm

Contact us for the FREE ;47: A"""“"CT"“""“"
Solen CDROM Catalog, St Hubert @
; J3Y 719 Canada
L T S L WA T
I el .636.
drivers, hardware, and Fax: 4504434949
CroSSOVer COmponents  graii.  solen@solen.ca

including Solen brand.  web: www.solen.ca

-

Contact us/ VPO i

for the freé €, LEN b
Solen b JG M
CDROM |4 . !

Catalog. ;

SOLEN

4470 Avenue Thibault
St-Hubert, QC, J3Y 7T9
Canada

Tel: 450.656.2759
Fax: 450.443.4949
Email. solen@solen.ca
Web: www.solen.ca




Complete speaker solutions from Meniscus

Accuton
Bohlender Graebener
Eton

Fountek

HiVi Research
Keiga

LEAP®

Lynk

Max Fidelity
Meniscus
Morel
Peerless
Scan Speak
SEAS

Silver Flute
Solen
Sonicap

Vifa

Think of Meniscus for:

* Speaker Kits

* Custom Crossover Design
» Speaker Cabinets

* Inductors

» (Capacitors

* Resistors

* Subwoofer Amplifiers
* Driver Repair

* (Cabinet Hardware

* Measurement Tools

* And much more!

ersonal service is still alive and well at

Meniscus Audio Group. Experienced,
friendly staff and audio engineers listen to the
project you have in mind, then help you
select the best components to complete your
speaker system. We also offer optimized
crossover/speaker cabinet designs, and
complete system integration.

Whether you are performing a minor upgrade
or considering a multi-channel audio system,
Meniscus has the selection you need and
expert advise you can trust.

Great Sound & Great Service.

Contact Meniscus Audio Group and let us
help you with your next speaker project.

Meniscus’

Meniscus Audio Group, Inc.
1642 Broadway Ave N.W.
Grand Rapids, MI 49504

(616) 534-9121
Fax (616)534-7676
info@meniscusaudio.com
www.meniscusaudio.com
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Parts Expreee has besn supplying [
loudapesker componente to
hobbyists, designere, end smesll
manufacturere for over 20
yeerse. With the moat informas- |+
tive wabeite in the industry,
ws makse it eesy to find the il
parts you need to restors, |
design, or prototypa any L|
epeaker eystem imagineble, 1
If you are new to the hobby,
our friendly, knowlaedgesble |-
staff will help you get
started on your way to
cresating the ultimate homs
thestenr, whole house, or

, 2-channsl sudio system. For |,
2o N : tha widest product aslaction L

F"a"tu_qx —— = . § . f
F"*Ea—, S / Bnd beat cuatomar aarvicea in

the induatry, call Parts
Expresa today st 1-800- 5
338-0531 or visit ua onlina at T
parte-axpraesa.com.

Proneer -\ ,...

_T CTILE
/ >, SOUND:

AURUM CANTUS DfW’i:: acoustics Hi-Vi RESEARCH®
PASSION OU HAUT-PARLEUR %AF?@WF hp e M
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5 cprakeRe |

SOLEN INE.

let[NDEKLGRAEl(R[R

colrniarigs

725 PLEASANT VALLEY. pm. mmsuunu. OH wyu 1158 8. muﬂn m—rqao-am " FAX: FAT-1677
WER SITE: hittp:/)/www. parte-axprese.com « E-MAIL ADDRESS! salostiparts-exprecs.com




Weare an engi
ariented o

EVsiemy man

Consider ws o a
wslution Eor gl

full ke

mnguﬁhadﬂtﬂwpw
Mechanical sofiware: Fin-E, AutoCAD and Coreldraw:
Natuiral design elensents of produsct include:
4. Japanise made: Law carbon seeel inmiming yout
nioeat sariicrise hivepa chie Bl prrodics a5 dlestines].

b, Bakacell, N Zealani snd Litkwanzin pulp:
Ligheweigh, rigil vith prodiceable dissjiing res,

¢, Momer ar Cones made sphders enable lincar mavel
aid Cms Qfvabi: b e,

d. Unless specilfied anferwise, we sanurally busd long
excursban midrange, mid-bass drivers,

Pricing:
e e com petizive in ensts watl roil woeld matke values.
16w sz seeking dowm and dirty freicieg, dont cill us
TI:u.ul'rw

CF Comgliant:
e huitd CR{FIH& cadpmium e
(CE and CE Tick o ampliers ey avaiie,

Shipping: _
Wi afe cxperti in export desumentation and control.

Sﬂnﬁgmmm vl
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i P Chisg ShLE50
[ Landime 4B NEAGa500 Contact
I Fa +86 Heh553283 Sharon Ling
highil= +B6 13803841210 Philip Richardson i
[ . Sl | Rl i - E-mal: tueznakgackcom i ST R WD |

Design speaker boxes with W LTI [ with your speaker ([ [EY4ff  Design crossovers with

I5ASSIONQISIOR BassBox Pro & Xeover Pro can help! ANCONECIRIII0)

Design 2-way and 3-way passlve crossover nel-
works, high-pass, band-pass or low-pass fillers,
impedance equalization, L-pads and series or par-
allel notch illers. Its Thiete-Small model provides
professional resulls without complex festing.

Design spaaker boxes for any space: car, truck,
van, home hi-fi, home theater, pro sound, studio,
slage, PA and musical instruments. Import acoustic
measurements. For example, the response of a car

can be imported to simutate the in-car response. dlows can help you

herarg is

easy Lo L : =

sensiliv o’ iieln. sive onfing manugls with
lutorials and Baautifuliy iliustrated printeé manuals.
We include 1he warki's largest driver database with

For more information please visit
our internet website at;

www.ht-audio.com

Tel: 269-641-5924
Fax: 269-641-5738

$129 sales@ht-awdio.com $00
plus SEH Harvis Technologies, Inc. plus S&H

P.G. Box 622

Sophisticated Briver Modefing and Advanced Box Deslgn Passlva Cressover Fliters and Scalable Drlver Modaling

« Muliple drivers with isobaric, push-pull and besse! optiens. « 3 dual voice coil E"::ﬁ;":;;gzm + 151, 2nd, 3rd and 4ih-order “ladder” filler topologies. = Paratlel ¢rossover
wiring options. « “Expesl Mode" dynamically analyzes driver parameters. « Design topology. « 2-way crossovers offer Bessel, Butterwoslh, Chebychev, Gaussian,
closed, vented, bandpass and passive radialor boxes. * "Suggest” fealure provides U.S.A. Legendre, Linear-Phase and Linkwilz-Riley fillers. « 3-way crossovers olfer All-
fast box design. « All box types accounl [or leakage losses and internal absorption. . Pass Crossover {(APC) and Conslant-Power Crossover {CPC) filters, Xsover Pro's
« Advanced vent caiculation. » Bandpass boxes can be single or double-luned with 2 i 4 capavililies scale fo fit the amount of driver data. « A crossover, filtes or L-pad can
or 3 chambers. » 22 Hox shapes (shown below). » Open up to 10 designs al one time. be designed with just the neminal impedance ¢f each driver. « With full Thiele-Small
+ Analyze small-signal performance with: Normalized Ampiitude Response, Impedance, paramelers, impedance equalization ¢an be designed and the parlormance graphed.
Phase and Group Delay graphs. * Anatyze large-signal performance with: Custom Ampli- + Graphs include: Normalizeo Amplilude Respanse, Impedance, Phase & Group Delay.
{ude Response, Max Acoustic Power, Max Eiectric Input Power, Cone Displacement and * Graphs can include the full speaker response including 1he box. « Eslimate companent

Vent Air Velocity graphs. « Includes a helpful "Design Wizard' for beginners. resistance (ESR & OCR). » Calculate the resistance of parallel or secies componenls.
(rapezaid)
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SENCORE SP495 Audio Consultant
Powerful Handheld Acoustic & Audio Signal Analyzer

» Acoustic Analyzing - RTA, SPL, ETG, Decay Time, etc.
Exclusive TDA Analyzer with Computer Software Analysis

* Bi-directional USB audio interface

Digital Audio USB, SPDIF & Toslink Outputs

» Stereo Digital Audio Recorder

* Room Impulse Generator/Digital Recorder (log or linear sine)
SD memory card transfers recorded .wayv files to PC

Battery operated

(~ 3 hours run time)

» Bright LCD color display

Applications:

» Sound Reinforcement
« Live Sound
Distributed Sound
tndustrial Sound

You can rely on the Audio Consultant!
sales@sencorecom  www.sencore.com  1-800-736-2673 or 1.6056.330.0100 3200 Sencore Drive « Sioux Falls, SD 57107

PRECISION MEASUREMENT MICROPHONES

A complete range of precision
measurement g

preamplifiers and accessories,

The range of microphones includes

all Tromy the sal gh

Irequencies.

The wide selection of both froe- Calibration equipment, piston-
fielel microphones, pressure mic phones, power modules and
supporting front-end products

are available

select the microphone for you

specific application.

18 range of microphones is sup GRAS NA Inc.
o comprehens Trr 23621 Lorain Road + North Olmsted OH 44070
WLl Toll Free No.: 800-579-GRAS
I Briomantce |'.Il'l‘.lrl'|].1|-||H"l*1 . L L] * !

ca R = o | Tel: 440-779-0100 fax: 440-779-4148
r.Ir'Hi o WK i selection il ack BRSOTEs, h{h]l.lNIJ ii'u HFIBI{;‘\I [t}h e-mail: ‘il.’l[li."h{f_f;'{-.f,h'lliqll\ CWWWLBEAS LS




INNOVATIVE SPEAKER SOLUTIONS

since 1948 e

- PERFORMANCE

- CONSISTENCY

- CRAFTSMANSHIP
« RESPONSIVENESS

Measurement Nonlinearities - causes and symptoms

Evaluation of parts, drivers, systems

Optimization ofr Traditional and advanced methods

: 2 ] f " Thermal and power testing
Diagnostics : . ol W |

P é Link with FEA and BEA modeling

Listening ; 1 Active and passive system design

Subjective and objective assessment

DeSign ' »  Small signal and large signal performance

www.klippel.de




AUDIOMATICA

e www.cliowin.com
- ‘www.audiomatica.com:

m CLIOwin 7, by Audiomatica, is the
b i i new measurement software for CLIO.
VTN - We are proud to announce thatsev- |

VT eral new features have been added

Audio matka ' ¥
Flargnoe - Itsly o o ! Py (DRI

. to a measurement system that was

cu‘ QNI B 1991-2005 AUDIOMATICA.

AU ontat a poadec St ) 2 already a reference.
Distortion & Linearity Analysis ® NEW B Directivity Analysis Color Map
FFT Live Transfer Function m & Directivity Polar Pattern

Color Waterfall Analysis 8 EEATURES! " IEC61672LeqAnalysis
ISO 3382 Acoustical Parameters m B Wow & Flutter Analysis

& Powerful hardware control. CLIOwin 7 fully exploits the capabilities of the SC-
01 Signal Conditioner and of the QCBox Model 4 Amplifier&SwitchBox.
This measuring instrument excels for signal interfacing, precision and reliability.

Two channels separate input monttor and control up to +40 dBV (280 Vpp) Programmable AC output generator with DC voltage
v N

InpulA oS8l A|10dBY a v |loputB Bl A -40dBY & v a8 | || |OU 10.0dBu v o @v... R 2 &3.|4G1'C

Something This Good Should Be lllegal...

Choose Hemp Acoustics when your company requires the finest transducers for Home Hifi, PA or Car Audio.

Hemp Acoustics OEM where we manufacture drivers that are custom designed and produced to your
specific needs be it mechanical, electrical, and/or industrial design.

HEMP Acoustics DIY when looking for Higher Fidelity off the shelf offerings, available from our growing
family of dedicated distributors and dealers.

Hemp Acoustics transducers are professionally engineered using the latest equipment and software. We offer
full-range, mid-range, mid-bass, woofers and subwoofers from 4" to 18".

Hemp Acoustics provides excellent value, competitive pricing, with low minimum arders, With over
50 years of production experience, you can trust Hemp Acoustics to deliver our North American built
product with industry leading turnover time, reliability and consistency.

We are confident you will be proud to include Hemp Acoustics in your final product.

Hemp Acoustics...Higher Fidelity.

telephone: 818-456-6490 email: info@hempacoustics.com visit: www.hempacoustics.com




Silver & Oil

FURUTECH

HI3 LS

FP-106

AVM (Anti-Vibration Magic) - DACT - Techflex - Xsymphony

A uIKi0

www.audiyo.com

Exclusive Canadian Distributor
96 Leyburn Avenue -~ Richmond Hill - ON -L4C QJ6 - Tel:(647)294-7786 - Email:info@audiyo.com

Loudspeaker
modelling software

LspCAD 6 is loudspeaker design software

intended for the simulation of loudspeaker crossovers and boxes. The user interface is a drag and drop interface, which allows
for great freedom in designing systems with a mixture of passive,analog active and digilal filter componerits. A unique feature is that éne can
simulate baxes and crossovers at the same lime, additionally active analog/digital and passive filiers can be implemented in the same design.

LspCAD 6 is available bothasa professional yersion and a standard version.

+ Pagsive componenls with power dissipation computation for resistors.
| - Active analog filter components using GP amplifiers.
+ Digital ters, using adderidelay clements or models of commercial crossovers from Behringer/dbxPro or XTa.
B+ Fast prototyping filler blocks, HP/LE notch, allpass, Matlab polynomials, biquad aud many others both analog and digital.
| - KHF100l, combine near and far field measurements with dilltaction compensation.
+ A number of graphs gives monitoring ol $PL, impedance, transfer functions, cone excursion, port air speed. voltage, current, impulsc response and more.
+ Grouping of components, makes it easier t manage cvaluation of ¢.g different crossover lrequencics
« Templates with many ready 10 use component blocks such as active filers and closed/basseeflex boxes, many of the templates has wizard functionality
that solves alol of the design problems for the user.
+ Thermal (power compression) and nonlinear modeiling,
« Imports T/S pacameters [rom Klippel, Praxis and CL10.
+ Pawerful optimizer with limits on component values. Optiraizer can optimize against 2 number of targeis inchilmg 2 simit on the minimum allowed
load impedance.
« Pola; plots and polar maps, off axis modelling either (rom pision model or imporied polar incasurements,
+ Crassover emulater, helps to evaluate crossovers withani actually building ther.
« Tolerance analysis that makes it possible 1o evaluate the sensitivity to compenent variations.
« Store/Recall lunctionality that makes it easy 1o test/compare different design options.
+ Snapshot featare, allows the user to take snapshots of ¢.g the sinwlated sound peessure level during the developiment phase or simply for denio purposcs.
+ JustMLS measuremeni toel that makes it possible e measure loudspeakers SPLand Z.




NEDEL>IU L

PRECISION
LOUDSPEAKER
ENGINEERING

LOUDSPEAKER ENGI
Design & Innovation
Development from idea to finished prﬂdliﬂ;l IFI
Wheather you are looking fo develop & niew u

performance on an existing system, we cal
involved in some of the highest amlalmaﬂzape’aker

R&D
Nedelku Labs is committed to developmenl of new materials amj

applicalions for the loudspeaker industry. Exlanai\ra axperfenwln ]]1&
relation between materials and applications allows us fo achieve ﬂ?ﬂinﬂ

sound you desire. Let Nedelku Labs help. vmi with development of {mﬂr ¥

prototypes.
Consultatlon

allowing you to reach the manufacturmg quaii!jr yuu axpau:!

Measurements _

Our facility is equipped with the latest mta of the art test e
systems.are lested in our large anschoic chamber. O
system, driver, and x-ovar measummeﬂl&mwali’n
performance in detail. We offer maasuramantﬁ bj'

LMS, MLSSA. :

CONTACT:
info@nedeikulabs.com
wyiw.neceikilabs.com

Professional wire solutions es tm n

Voice coil lead

wires - Soft and Flexible

Benefit from estron’s know-how. We have been in the industry for more

than 10 years, supplying medical applications.

After years of development and experience estron now has a full product
line for tweeters and mid-range units. Focus is on hi-

very high quality.

We design our own machines. All manufacturing is
and high-precision equipment.

end loudspeakers of

on fully automated

» RoHS compliant. No cadmium. No lead.

¢ Anti corrosive,

¢ Minimum “tilt” of the coil.

¢ Extremely {lexible construction.
» Good conductivity, and low mass,
¢ Excellent memory.

¢ Pre-tinned and ready-to-use.

¢ Time saving in assembly.

estron a/s - Industrivej 5 - DK-8653 Them - Denmark § +45 86848877 - ¢ +45 86849095- litz@estron.dk - www.estron.dk




What Pat Brown says about us:

Synorgetic Audia Cancepl, Inc.
Syn-Aud-Con
= The TEF Polar software that we reviewed last
is greatly enhanced by an a
the loudspeaker. Although
fmanual rot [

an the

e m— ]
e T e e

I]!I.ﬂ COLONY SI.'IHH[.'I U!.EHHM . ﬂllTI.IHE

SUBSCRIBE TO

THE AUDIO TECHNOLOGY AUTHORITY

To read about the cutting-edge
of audio technology!

HOow To COoNTROL PIFFRACTION

Preamp
R StarterKit

AECs of
Bulldmg
Electrostatics

IDEAS « TECHNOLOGY
TIPS « REVIEWS

Call to order a
FREE TRIAL ISSUE
1-888-924-9465

Or E-mail
custserv@audioXpress.com

audioXpress * PO Box 876
Peterborough, NH 03458-0876
Phone: 603-924-9464 Fax: 603-924-9467
E-mail: custserv@audioXpress.com




The standard by which other subwoofer drivers are measured -

Featuring the following

unique physical atiributes:

« Flat respense to 500 Hz « Palented thermal management system emploving

» The lowest power compression ever 5 $q. 1. of Aluminum heat sinking and massive air
recorded flovr velocity

« No audible distortion to over 1,000W RMS « Uincomplicaled overall design with a low part counl

« The highest lang term power handling ever « Completely flat (within 1%) BL curve for 37mm of
atlained- up to 3,600W RMS lravel, 78mm toal travel

+ Reliability unheard of in the audio industry. + A unigue and massive magnat struclure fealuring
As of November 2005, Acoupower has one of the largest Neodymium magnets ever sold
been shipping product around the world for commercial purposes
for nearly a year, and not a single driver « FEA optimized, extremely linear and symmelric
has failed or been retumed by a custormer suspension omponents
for any feason « Fulltenglh copper sfeeve (o fatien the response

and lower digtortion

Unmatched performance:

All of this at a price offen referred to as a “real bargain™. W's ng
veander ihat Acouporeer drivers are being instakied in Professional Audio,

High End Audio, ard Theater systems in all comass of the giobe. Acoupower

143-145 Essex St.. 2nd Floor
Haverhifl, MA 01832

Phone 978-521-8008

Fax 978-521-8098
WIWW.acoupower.com

New 15" driver available from Acoupower:

In late 2005. Asoupower acquired Bully Sugvinoters and now
manuiaciures and selis the exceplicnalty high valug 15" subvooier
driver previously soi by Buily Subiroofers.

Foinwrex

v fountek.net

Refiability &
Performance

Ribbon tweeters
Fountek Electronics Co., Ltd

UPGRADE YOUR DESIGN 'I'I]I]Hf

emdail: info@fountek.net tel; #846-573-3019220 fox: +B4-573-3019:

JANTZEN AUDIO
DENMARK

Hear the Difference!

Supreme, higk

| for the OEM and DIY

Also for Automo

GUARANTEE
YOU THE
DIFFERENCE!

contact




Ribbon

Loudspeakers

by Justus V Verhagen

The first book dedicated to these greal-
sounding speakess. The author favors
ribbons, especially for use at mid- and
high-frequencies. They are inexpensive
and can be easily constructed with a
minimum of tools. The book presents
the theory and history of ribbon speak-
ers and includes construction details for
huilding your own ribbon loudspeakers.
An extensive resource section is includ-
ed along with a detailed listing of ribbon
loudspeaker patents. 2003, [SBN
1-882580-44-3. Sh. wi: 2 Ibs.

BKAABS .............. $24.95

Order on-line at
www.audioXpress.com
or call toli-free

1-888-924-9465

Old Colony Sound Laboratory
PO Box 876, Peterborough, NH
03458-0876 USA
Toll-Free: 888-924-9465
Phone: 603-624-9464
Fax: 603-924-9467
E-mail:
custserv@audioXpress.com
www.audioXpress.com

The awdio engineer’s hands-on X-over design & speaker volcing tool.

MODEL VCB-100

sCustomnize your speaker Installationse
sDeluxe Volume Contrals & Speaker
SelectorssWaterproof 70V PA Speakerse
sUnderwater SpeakerssHome Theaters
sVisit us on the web for more infos

Shipping Wt
7 Ibs.

K-VCB10O
$249.95

Inctudes our exclusive Crossover Design
Pocket Slide Tool. Custom cables and
speaker terminals availabie.

Uldsumx Design Works

508 Performance Rd.
Muuresuille, Hc 28115

©2005 V'IDSONI)( D'ESIGN WORKS, All Rights Resenred.




crossovers. Tube Electronic Crossovers. MOSFET SE Amp. Tube Phone Preamp. Solid State

Visit Us
Online at
P T e |

L0IMm

It Just Sounds Better. ‘

Passive line Level
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Welcome to o
audioXpress 9
Magazines: @
+ audioXpress ‘53)
» Voice Coil o
[(H]
Directories: g
Loudspeaker o
* Industry b .
Sourcebook 5 Marchand Electronics Inc.
. World Tube 3 PO Box 18099, Rochester, NY 14618
Divectory w (585) 423 0462
Eel 3
Resources: & info@marchandelec.com www.marchandelec.com
www.audioXpress.com POIGUIBSSY PUE SIY SUBA0SS0.0) JI0D3IT B8R | 248 'dR)S ajjfeq 'sIsily Yolou ppe ued

NCA

LABORATORIES
Superior Quality Woofers

*10" to 22"

» Specializing in extreme long excursion designs
* Complete design and manufacturing

* Turnkey products

* |18 years industry experience
* Quality, reliability and integrity
* Automotive, Theater and Pro applications

2640 Mercantile Dr., Suite A, Rancho Cordova, CA 95742

(916) 852-7029 - (916) 852-9410 fax - ncalabs@aol.com

www.audioKpress.co:



Old Colony Sound Lab
is your source for DIY
audio hobby products.
Check out the complete
product line at
www.audioXpress.com
or call today for your
FREE CATALOG!

1-888-924-9465

0ld Colony Sound Lab
PO Box 876, Dept. AX
Peterborough, NH
03458-0876 USA
Toll-free: 888-924-9465
Phone: 603-924-9464
Fax: 603-924-9467
E-mail:
custserviaudioXpress.com

www.audioXpress.com

Products from
0)lil®0lony Sound Lab

Advanced
Personal Scope

Velleman Inc.

Two channel scope features high contrast
LCD with white backlight with several
display modes, direct audio power
measurements, and full auto setup function.

KV-APS230 $929.99

Analog Sound
Level Meter
Velleman Inc.

Portable unit features 7 sound level ranges
from 50 to 120dB, A and C weighting for
sound analysis. RCA output jack. Battery
level indicator. 9V battery included.

KV-AVM2050 $47.99

Cumulative Indices
of the Journal

of the AES

Jfrom the Audio
Engineering Sociely

Vols. 1-44 (1953-1996), AES Convention
Preprints from the 9* to 103" conventions.
CD-ROM version of the indices of the
Journal is an essential reference of titles,
authors, and abstracts in an easily searchable
database.

CDME1

$21.95

Golden Ears Audio
Eartraining Program
by David Moulton

Set of eight CDs with
manual contains a
series of drills to

help you develop
recognition of various
physical qualities

of sound and audio
processing.

CDQ1 $220.00

ISO MAX
Series

from Jensen
Transformers

Quality noise
reduction products for
audio/video applications.
+ Digital Cable TV Ground
Isolator
*+ Video Isolation Transformer
+ Audio Ground Isolators
* Moving Co1l Step-Up
Transformers

Electronic Turntable
Loudspealer Testing System
Jfrom Qutline

Measure a speaker’s
polar plot pattern easily
and inexpensively

with this unique

setup consisting of an
electronic control unit,
rotating turntable, and
optional stand hardware
kit. (Complete details
available on-line.)

wwwialdioXpressfcom




Loudspeaker Design Cookbook /"Edition

New for the SEVENTH EDITION

e Major Study on Cabinet Diffraction and Reflection
Focus on:
— Enclosure Shape
— Update of Olson’s Classic Work
— Driver Bafle Placement
— Includes objective measurement and subjective evaluations

* Woofer Linearity
— How to produce linear behavior with low distortion

* Loudspeaker “Voicing”
—Tips to ensure a great-sounding speaker

* Software Update
—The latest loudspeaker design and room interfacing products

* Extensive Studies use LEAP 5.0 and Klippel Analyzer

ISBN 1-882580-47-8 Loudspeaker Design Cookbook
229.9:5 ISBN 1-882580-47-8

97781882 7580477
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